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pilot symbols in wireless OFDM systems. We will also propose an adaptive scheme
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ﺍﻟﺘﻀﻤﻴﻥ ﺍﻟﻤﺴﺎﻋﺩ ﺫﻭ ﺍﻟﺭﻤﺯ ﺍﻟﻤﻭﺠﻪ    ﻴﺴﺘﺨﺩﻡ ". ﺍﻓﻀل ﻭﻟﻜﻥ ﺒﺎﻟﻨﻘﺎﺒل ﻴﺘﻁﻠﺏ ﻤﺴﺘﻘﺒل ﺍﻜﺜﺭ ﺘﻌﻘﻴﺩﺍ " ﺍﺩﺍﺀ
ﺴﻨﺤﻠل ﻓﻲ ﻫﺫﻩ ﺍﻟﺭﺴﺎﻟﺔ .  ﻤﻥ ﺨﻼل ﺒﺙ ﺭﻤﻭﺯ ﻤﻭﺠﻬﺔ ﻤﻊ ﺍﻟﺒﻴﺎﻨﺎﺕ ,  ﻟﻠﺤﺼﻭل ﻋﻠﻰ ﺘﻘﺩﻴﺭ ﻗﻨﺎﺓ ﻤﻭﺜﻭﻕ 
ﺍﺸﻜﺎل ﻤﺨﺘﻠﻔﺔ ﻤﻥ ﺍﻟﺭﻤﻭﺯ ﺍﻟﻤﻭﺠﻬﺔ ﻤﻥ ﺨﻼل ﺩﺭﺍﺴﺔ ﻨﺴﺒﺔ ﺨﻁﺄ ﺍﻻ ﺴﺘﻘﺒﺎل ﻭ ﺴﻨﻘﺘﺭﺡ ﺨﻁﺔ ﺠﺩﻴﺩﺓ ﻟﻨﻘل 
ﺨﻁﺔ ﺘﻜﻴﻴﻔﻴﺔ ﺠﺩﻴﺩﺓ ﻟﺘﻘﺩﻴﺭ ﺍﻟﻘﻨﺎﺓ ﺍﻟﻼﺴﻠﻜﻴﺔ " ﻭ ﺴﻭﻑ ﻨﻘﺘﺭﺡ ﺍﻴﻀﺎ . MDFOﺍﻟﺭﻤﻭﺯ ﺍﻟﻤﻭﺠﻬﺔ ﻓﻲ ﺍﻨﻅﻤﺔ  
. SMLﺍﻡ ﺨﻭﺍﺭﺯﻤﻴﺔ ﻭ ﺍﻟﺘﻲ ﺘﻼﺤﻕ ﺍﻟﺘﻼﺸﻲ ﻓﻲ ﺍﻟﻤﻤﺭﺍﺕ ﺍﻟﻤﺘﻌﺩﺩﺓ  ﻤﻥ ﺨﻼل ﺍﺴﺘﺨﺩ , MDFOﻓﻲ ﺍﻨﻅﻤﺔ 
ﻭ ﺍﺤﺩ ﺍﻷﺴﻴﺎﺏ ﻟﻬﺫﻩ ﺍﻟﺘﻐﻴﺭﺍﺕ ﻓﻲ ,  ﻟﻠﺘﻐﻴﺭﺍﺕ ﺍﻟﺼﻐﻴﺭﺓ ﻓﻲ ﺍﻟﺘﺭﺩﺩﺍﺕ "    ﺤﺴﺎﺴﺔ ﺠﺩﺍ MDFOﺍﻨﻅﻤﺔ 
  .                 ﻭ ﺴﻨﻘﻭﻡ ﺒﺎﻗﺘﺭﺍﺡ ﺨﻁﺔ ﺘﻜﻴﻴﻔﻴﺔ ﻟﺘﻌﻭﻴﺽ ﺍﻟﺘﻐﻴﻴﺭ  ﺍﻟﻨﺎﺠﻡ  ﻓﻲ ﺯﺍﻭﺒﺔ ﺍﻟﻘﻨﺎﺓ. ﺍﻟﺘﺭﺩﺩﺍﺕ ﻫﻭ ﺯﺍﻭﺒﺔ ﺍﻟﻘﻨﺎﺓ 
  
  درﺟﺔ اﻟﻤﺎﺟﺴﺘﺮ ﻓﻲ اﻟﻌﻠﻮم
  ﻟﻠﺒﺘﺮول و اﻟﻤﻌﺎدنﺟﺎﻣﻌﺔ اﻟﻤﻠﻚ ﻓﻬﺪ 
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Chapter 1
Introduction
Radio transmission has allowed people to communicate without any physical con-
nection for more than hundred years. When Marconi managed to demonstrate a
technique for wireless telegraphy, more than a century ago, it was a major break-
through and the start of a completely new industry. May be one could not call it
a mobile wireless system, but there was no wire! Today, the progress in the semi-
conductor technology has made it possible, not to forgot affordable, for millions of
people to communicate on the move all around the world.
The Mobile Communication Systems are often categorized as different genera-
tions depending on the services offered. The fist generation comprises the analog
frequency division multiple access (FDMA) systems such as the NMT and AMPS
(Advanced Mobile Phone Services) [2]. The second generation consists of the first
digital mobile communication systems such as the time division multiple access
1
2(TDMA) based GSM (Global System for Mobile Communication), D-AMPS (Dig-
ital AMPS), PDC and code division multiple access (CDMA) based systems such
as IS-95. These systems mainly offer speech communication, but also data com-
munication limited to rather low transmission rates. The third generation started
operations on 1st October 2002 in Japan.
During the past few years, there has been an explosion in wireless technology.
This growth has opened a new dimension to future wireless communications whose
ultimate goal is to provide universal personal and multimedia communication with-
out regard to mobility or location [3]-[4]-[5] with high data rates. To achieve such
an objective, the next generation personal communication networks will need to be
support a wide range of services which will include high quality voice, data, facsim-
ile, still pictures and streaming video. These future services are likely to include
applications which require high transmission rates of several Mega bits per seconds
(Mbps).
In the current and future mobile communications systems, data transmission
at high bit rates is essential for many services such as video, high quality audio
and mobile integrated service digital network. When the data is transmitted at
high bit rates, over mobile radio channels, the channel impulse response can extend
over many symbol periods, which leads to inter symbol interference (ISI). Orthogo-
nal Frequency Division Multiplexing (OFDM) is one of the promising candidate to
mitigate the ISI. In an OFDM signal the bandwidth is divided into many narrow
3subchannels which are transmitted in parallel. Each subchannel is typically chosen
narrow enough to eliminate the effect of delay spread. By combining OFDM with
Turbo Coding and antenna diversity, the link budget and dispersive-fading limita-
tions of the cellular mobile radio environment can be overcomed and the effects of
co-channel interference can be reduced [6].
1.1 Digital Communication Systems
A digital communication system is often divided into several functional units as
shown in Figure 1.1.
The task of the source encoder is to represent the digital or analog information
by bits in an efficient way. The bits are then fed into the channel encoder, which
adds bits in a structured way to enable detection and correction of transmission
errors. The bits from the encoder are grouped and transformed to certain symbols,
or waveforms by the modulator, and waveforms are mixed with a carrier to get a
signal suitable to be transmitted through the channel. At the receiver the reverse
function takes place. The received signals are demodulated and soft or hard values
of the corresponding bits are passed to the decoder. The decoder analyzes the
structure of received bit pattern and tries to detect or correct errors. Finally, the
corrected bits are fed to the source decoder that is used to reconstruct the analog
speech signal or digital data input.
4This thesis deals with the three blocks to the right in Figure 1.1: the modulator,
the channel and the demodulator. The main question is how to design certain
parts of the modulator and demodulator to achieve efficient and robust transmission
through a mobile wireless channel. The wireless channel has some properties that
make the design especially challenging: it introduces time varying echoes and phase
shifts as well as a time varying attenuation of the amplitude(fade). This thesis
focuses on the following parts in the modulator-demodulator chain.
Orthogonal Frequency Division Multiplexing (OFDM)has proven to be a mod-
ulation technique well suited for high data rates on time dispersive channels [7].
There are some specific requirements when designing wireless OFDM systems, for
example, how to choose the bandwidth of the sub-channels used for transmission
and how to achieve reliable synchronization. The latter is especially important in
packet-based systems since synchronization has to be achieved within a few symbols.
In order to achieve good performance the receiver has to know the impact of
the channel. The problem is how to extract this information in an efficient way.
Conventionally, known symbols are multiplexed into the data sequence in order to
estimate the channel. From these symbols, all channel attenuations are estimated
with an interpolation filter.
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6One of the challenging problems in the design of digital communication systems
is how to choose the modulation scheme in order to get robust and efficient systems.
This choice is greatly influenced by the environment in which system is supposed
to work. Here in this thesis, Quadrature Amplitude Modulation (QAM) scheme is
used. The influence of the channel can be described by its impulse response and
often, there is also additive white Gaussian noise (AWGN) representing different
disturbances in the system. For mobile or wireless applications, the channel is often
described as a set of independent multipath components. The time varying impulse
response can be described by [8],
x(t) =
M∑
i=1
ai(t)δ(τ − τi(t)) (1.1)
where ai(t) denotes the complex valued tap gain for path number i, τi(t) is the delay
of tap i, and δ is the Dirac delta function. Among the most important parameters
when choosing the modulation scheme are the delay and the expected received power
for different delays. Large delays for stronger paths mean that the interference be-
tween the different received signal parts can severe, especially when the symbol rate
is high so that the delay exceeds several symbols. In that case one have to intro-
duce an equalizer to mitigate the effects of intersymbol interference (ISI). Another
alternative is to use many parallel channels so that the symbol time on each of the
channels is long. This means that only a small part of the symbol is affected by ISI
and this the idea behind orthogonal frequency division multiplexing, OFDM.
71.2 Wireless Systems
Wireless Systems are operating in an environment which has some specific properties
compared to fixed wireline systems and these call for special design considerations.
In a wired network, there are no fast movement of terminals or reflection points and
the channel parameters are changing very slowly. In addition, time dispersion is
less severe in a wired system, though it might still be a hard problem due to high
data rates. In a mobile system the terminals are moving around, the received signal
strength as well as the phase of the received signal, are changing rapidly. Further,
the signal transmitted over the radio channel is reflected by buildings and other
means of transportation on the ground, leading to different paths to the receiver, as
shown in Figure 3.2.
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Figure 1.2: Multipath Reception
If the length of the paths differ, the received signal will contain several delayed
versions of the transmitted signal according to the channel impulse response, defined
8in Equation (1.1). As mentioned earlier, the delays make it necessary to use complex
receiver structures. In a mobile wireless system, the terminals are of course intended
to be portable. This means that power consumption is important since batteries
sometimes will power the equipment. Therefore, low complexity and low power
consumption are properties that are even more desirable in wireless systems than in
a wired system.
1.2.1 Packet-Based versus Circuit-Switched Systems
A wireless system can either be packet-based or circuit switched. In a packet based
system the information bits are grouped and transmitted in packets, and transmis-
sion occur only when there is a need for communication. These systems are suitable
for bursty traffic conditions, such as data communication. In circuit switched sys-
tems, a physical or virtual connection is established and occupied as long as com-
munication proceeds. Circuit switched systems are well suited for real time traffic
when delay is a limiting factor. In packet based systems, the receiver has to achieve
synchronization in a very short time. It is hard to track channel variations be-
tween the packets, and therefore fast acquisition algorithms are required. In circuit
switched systems, the receiver needs to enter in acquisition mode more seldom due
to transmission over steady channels, therefore requirements on fast acquisition can
be loosened in these systems. In circuit switched systems, we also require continuous
channel tracking.
9Today there is a trend towards more and more packet based systems due to in-
creased data traffic. For example, both the third generation mobile systems based
on W-CDMA and the HiperLAN/2 system based on OFDM use packet-based com-
munication for data traffic.
1.2.2 Coherent versus Non-Coherent Systems
In general, coherent systems result in better detection performance compared to
differential systems, but these require channel estimation in order to form time and
phase references for the decisions. Differential schemes on the other hand require
no channel estimation, but there is a performance loss compared to coherent detec-
tion [8].
In coherent schemes, the channel estimates are often achieved by multiplexing
known, so called, pilot symbols into the data sequence and this technique is called
Pilot Symbol Assisted Modulation (PSAM) [9]. PSAM was introduced by Moher
and Lodge [10] and analyzed by Cavers [11] for single carrier systems. The receiver
observes the influence of the channel on the pilot symbols and uses interpolation to
get an estimate of the channel impact on data symbols. The receiver then removes
that impact in order to make decisions. The pilot symbols transmit no data and
therefore there is a small overhead causing a bandwidth expansion and an energy
loss. Both these looses depends on the pilot-to-data symbol ratio.
10
1.3 Third Generation Wireless Networks
The expansion of the use of digital networks has led to the need for the design of new
higher capacity communications networks. The demand for cellular-type systems in
Europe is predicted to be between 15 and 20 million users by the year 2000 [12],
and is already over 30 million (1995) in the U.S. [2]. Wireless services have been
growing at a rate greater than 50% per year [2], with the current second generation
European digital systems (GSM) being expected to be filled to capacity by the early
2000s [13]. The telecommunications industry is also changing, with a demand for
a greater range of services such as video conferencing, Internet services, and data
networks, and multimedia. This demand for higher capacity networks has led to the
development of third generation telecommunications systems.
One of the proposed third generation telecommunication systems is the Universal
Mobile Telecommunications System (UMTS), with the aim of providing more flexi-
bility, higher capacity, and a more tightly integrated service. Other systems around
the world are being developed, however many of these technologies are expected to
be combined into the UMTS.
TheWorldWideWeb (WWW) has become an important communications media,
as its use has increased dramatically over the last few years. This has resulted in
an increased demand for computer networking services. In order to satisfy this,
telecommunications systems are now being used for computer networking, Internet
11
access and voice communications. A WWW survey revealed that more than 60%
of users access the Internet from residential locations, where the bandwidth is often
limited to 28.8 kbps [14] . This restricts the use of the Internet, preventing the use
of real time audio and video capabilities. Higher speed services are available, such
as integrated-services digital network (ISDN). These provide data rates up to five
times as fast, but at a much increased access cost. This has led to the demand of a
more integrated service, providing faster data rates, and a more universal interface
for a variety of services. The emphasis has shifted away from providing a fixed
voice service to providing a general data connection that allows for a wide variety
of applications, such as voice, Internet access, computer networking, etc.
The increased reliance on computer networking and the Internet has resulted in
an increased demand for connectivity to be provided any where, any time, leading
to an increase in the demand for wireless systems. This demand has driven the
need to develop new higher capacity, high reliability wireless telecommunications
systems. The development and deployment of third generation telecommunication
systems aim to overcome some of the shortcomings of current wireless systems by
providing a high capacity, integrated wireless network. There are currently several
third generation wireless standards, including IMTS-CDMA, IMTS-TDD, IMTS-TF
etc.
12
1.3.1 Evaluation of Telecommunication Systems
Many mobile radio standard have been developed for wireless systems thoughout
the world, with more standard likely to emerge.
Most first generations systems were introduced in the mid 1980s, and can be
characterized by the use of analog transmission techniques, and the use of simple
multiple access techniques such as Frequency Division Multiple Access (FDMA).
First generation telecommunications systems such as Advanced Mobile Phone Ser-
vice (AMPS) [15], only provided voice communications. They also suffered from a
low user capacity, and security problems due to the simple radio interface used.
Second generation systems were introduced in the early 1990s, and all use digital
technology. This provided an increase in the user capacity of around three times [2].
This was achieved by compressing the voice waveforms before transmission [16].
Third generation systems are an extension on the complexity of second gener-
ation systems and are already introduced. The system capacity is expected to be
increased to over ten times original first generation systems. This is going to be
achieved by using complex multiple access techniques such as Code Division Mul-
tiple Access (CDMA), or an extension of TDMA, and by improving flexibility of
services available.
Figure 1.3 shows the evolution of current services and networks to the aim of
combining them into a unified third generation network. Many currently separate
13
systems and services such as radio paging, cordless telephony, satellite phones, pri-
vate radio systems for companies etc, will be combined so that all these services will
be provided by third generation telecommunications systems.
Analog
Cellular
Private
Radio
Radio
Paging
Digital
Cellular PCNs
Third Generation
Wirelss Network
Cordless
Telephony
Mobile
Satellite
Figure 1.3: Evolution of current networks to the next generation of wireless networks
1.4 Fourth Generation Wireless Systems
Although carriers are reluctant to discuss 4G, vendors are always mapping future of
4G systems. Its still a decade away (at least), but 4G is already a big topic of dis-
cussion behind closed doors. Main advantages of 4G are its spectrum optimization,
network capacity and faster data rates, however, carriers are still reluctant to discuss
4G, either because they refuse to take a public position on it when 3G roll-outs still
are unfulfilled, or because they are in denial. But carriers soon will find that 4G
is not going away. 3G systems are not enough for many services like data transfer
between wireless phones or multimedia. Equipment vendors are coming together to
speed the adoption of OFDM, which will be part of the 4G set of standards.
Orthogonal Frequency Division Multiplexing OFDM [7] is a multicarrier trans-
14
mission technique, many carriers, each one being modulated by a low rate data
stream share the transmission bandwidth. OFDM is similar to FDMA in that the
multiple user access is achieved by subdividing the available bandwidth into multiple
channels, that are then allocated to users. However, OFDM uses the spectrum much
more efficiently by spacing the channels much closer together. This is achieved by
making all the carriers orthogonal to one another, preventing interference between
the closely spaced carriers.
In FDMA each user is typically allocated a single channel of certain bandwidth,
which is used to transmit all the user information. The allocated bandwidth is made
wider than the minimum amount required to prevent channels from interfering with
one another. This extra bandwidth is to allow for signals from neighboring channels
to be filtered out, and to allow for any drift in the center frequency of the transmitter
or receiver. In a typical system, up to 50% of the total spectrum is wasted due to
the extra spacing between channels.
TDMA partly overcomes this problem by using wider bandwidth channels, which
are used by several users. Multiple users access the same channel by transmitting in
their data in time slots. Thus, many low data rate users can be combined together to
transmit in a single channel which has a sufficient bandwidth so that the spectrum
can be used efficiently.
There are however, two main problems with TDMA. There is an overhead asso-
ciated with the change over between users due to time slotting on the channel. This
15
limits the number of users that can be sent efficiently in each channel. In addition,
the symbol rate of each channel is high (as the channel handles the information from
multiple users) resulting in problems with multipath delay spread.
OFDM overcomes most of the problems with both FDMA and TDMA. OFDM
splits the available bandwidth into many narrow band channels (typically 100-8000
Hz). The carriers for each channel are made orthogonal to one another, allowing
them to be spaced very close together, with no overhead as in the FDMA example.
Because of this there is no great need for users to be time multiplexed as in TDMA,
thus there is no overhead associated with switchizng between users.
The orthogonality of the carriers means that each carrier has an integer number
of cycles over a symbol period. Due to this, the spectrum of each carrier has a
null at the location of each of the other carriers in the system. This results in
no interference between the carriers, allowing them to be as close as theoretically
possible. This overcomes the problem of overhead carrier spacing required in FDMA.
Each carrier in an OFDM signal has a very narrow bandwidth (i.e.1kHz), thus the
resulting symbol rate is low. This results in the signal having a high tolerance to
multipath delay spread, as the delay spread must be very long to cause significant
inter-symbol interference (e.g. ≥ 500 µsec). We will discuss these aspects of OFDM
system, in much detail, in Chapter 2.
16
1.5 Literature Survey
The first OFDM scheme was proposed by [7] in 1966 for dispersive fading chan-
nels, which has also undergone a dramatic evolution due to the efforts of [17]. Re-
cently OFDM was selected as the high performance local area network transmission
technique. A method to reduce the ISI is to increase the number of subcarriers
by reducing the bandwidth of each subchannel while keeping the total bandwidth
constant [18]. The ISI can instead be eliminated by adding a guard interval at
the cost of power loss and bandwidth expansion [19]. These OFDM systems have
been employed in military applications since the 1960’s, for example by Bello [20],
Zimmerman [21], Powers and Zimmerman [22], and others. The employment of
discrete Fourier transform (DFT) to replace the banks of sinusoidal generators and
the demodulators was suggested by Weinstein and Ebert [17] in 1971, which signif-
icantly reduces the implementational complexity of OFDM modems. Hirosaki [23],
suggested an equalization algorithm in order to suppress both intersymbol and in-
tersubcarrier interference caused by the channel impulse response or timing and
frequency errors. Simplified model implementations were studied by Peled [24] in
1980. Cimini [25] and Kalet [26] published analytical and early seminal experimental
results on the performance of OFDM modems in mobile communication channels.
Most recent advances in OFDM transmission were presented in the impressive
state of art collection of works edited by Fazel and Fettweis [27]. OFDM transmis-
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sion over mobile communications channels can alleviate the problem of multipath
propagation [28]. Recent research efforts have focused on solving a set of inherent
difficulties regarding OFDM, namely peak-to-mean power ratio, time and frequency
synchronization, and on mitigating the effects of the frequency selective fading chan-
nels.
Channel estimation and equalization is an essential problem in OFDM system
design. Basic task of equalizer is to compensate the influences of the channel [8].
This compensation requires, however, than an estimate of the channel response is
available. Often the channel frequency response or impulse response is derived from
training sequence or pilot symbols, but it is also possible to use nonpilot aided
approaches like blind equalizer algorithms [29]. Channel estimation is one of the
fundamental issue of OFDM system design, without it non coherent detection has
to be used, which incurs performance loss of almost 3-4dB compared to coherent
detection [30]. If coherent OFDM system is adopted, channel estimation becomes a
requirement and usually pilot tones are used for channel estimation [31].
A popular class of coherent demodulation for a wide class of digital modulation
schemes has been proposed by Moher and Lodge [10], and is known as Pilot Symbol
Assisted Modulation, PSAM. The main idea of PSAM channel estimation is to mul-
tiplex known data streams with unknown data. Conventionally the receiver firstly
obtain tentative channel estimates at the positions of the pilot symbols by means of
remodulation and than compute final channel estimates by means of interpolation.
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Aghamohammadi [32] et al. and Cavers [11] were among the first analyzing and
optimizing PSAM given different interpolation filters. The main disadvantage of
this scheme is the slight increase of the bandwidth. One class of such pilot symbol
assisted estimation algorithms adopt an interpolation technique with fixed parame-
ters (two dimensional [33]-[34] and one dimensional [35]) to estimate the frequency
domain channel impulse response by using channel estimates obtained at the lat-
tices assigned to the pilot tones. Linear, Spline and Gaussian filters have all been
studied [35].
Channel estimation using superimposed pilot sequences [36] is also a completely
new area, idea for using superimposed pilot sequences has been proposed by various
authors for different applications [37]. In [38], superimposed pilot sequences are used
for time and frequency synchronization. In [39], superimposed pilot sequences are
introduced for the purpose of channel estimation, and main idea here is to linearly
add a known pilot sequence to the transmitted data sequence and perform joint
channel estimation and detection in the receiver. But the main problem in [39] is that
the complexity of receiver is quite high and therefore low complexity approximations
are of interest.
In [40], expectation maximization (EM) algorithm was proposed, and in [41] EM
algorithm was applied on OFDM systems for efficient detection of transmitted data
as well as for estimating the channel impulse response. Here, maximum likelihood
estimate of channel was obtained by using channel statistics via the EM algorithm.
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In [42], performance of low complexity estimators based on DFT has been analyzed.
In [43], block and comb type pilot arrangements have been analyzed.
There are some other techniques, proposed for channel estimation and calculation
of channel transfer function in OFDM systems. For example, the use of correlation
based estimators working in the time domain [25] and channel estimation using sin-
gular value decomposition [44]. Its basically based on pilot symbols but in order
to reduce its complexity, statistical properties of the channel are used in a different
way. Basically the structure of OFDM allows a channel estimator to use both time
and frequency correlations, but particularly it is too complex. In [44], they analyzed
a class of block oriented channel estimators for OFDM, where only the frequency
correlations of the channel is used in estimation. Whatever, their level of perfor-
mance, they suggested that they may be improved with the addition of second filter
using the time correlation [45]. In [46], they proposed a channel estimation algo-
rithm based polynomial approximations of the channel parameters both in time and
frequency domains. This method exploits both the time and frequency correlations
of the channel parameters.
Use of the pilot symbols for channel estimation is basically an overhead of the
system, and it is desirable to keep the number of pilot symbols to a minimum.
In [47], Julia proposed a very good approach for OFDM symbol synchronization in
which synchronization (correction of frequency offsets) is achieved simply by using
pilot carriers already inserted for channel estimation, so no extra burden is added
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in the system for the correction of frequency offsets. Similarly in [48], it has been
shown that the number of pilot symbols for a desired bit error rate and Doppler
frequency is highly dependant on the pilot patterns used, so by choosing a suitable
pilot pattern we can reduce the number of pilot symbols, but still retaining the
same performance. Most common pilot patterns used in literature are block and
comb pilot arrangements [43], [49]. Comb patterns perform much better than block
patterns in fast varying environments [43].
1.6 Motivation
The focus of future fourth-generation (4G) mobile systems is on supporting high
data rate services and ensuring seamless provisioning of services across a multitude of
wireless systems and networks, for indoor to outdoor, from one interface to another,
and from private to public network infrastructure [50]-[51].
Higher data rates allow the deployment of multi-media applications which in-
volve voice, data, pictures, and video over the wireless networks. At this moment,
the data rate envisioned for 4G networks is 1Gb/s for indoor and 100Mb/s for
outdoor environments [52]. High data rate means the signal waveform is truly wide-
band, and the channel is frequency-selective from the waveform perspective, that
is, a large number of resolvable multipaths are present in the environment. Or-
thogonal frequency division multiplexing (OFDM), which is a modulation technique
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for multicarrier communication systems, is a promising candidate for 4G systems
since it is less susceptible to intersymbol interference introduced in the multipath
environment [6].
It is not possible to make reliable data decisions unless a good channel estimate
is available. Thus, an accurate and efficient channel estimation procedure is nec-
essary to coherently demodulate the received data. As we mentioned earlier that
although differential detection could be used to detect the transmitted signal in the
absence of channel estimates, it would result in about 3-4dB loss [8] in signal to noise
ratio compared to coherent detection. Moreover, as opposed to former standards
using OFDM modulation, the new standards rely on QAM modulation and thus re-
quire channel estimation. Hence, the complexity of channel estimation is of crucial
importance, especially for time varying channels, where it has to be performed pe-
riodically or even continuously. Several channel estimation techniques related with
OFDM systems have been proposed in literature [53]. Number of pilot symbols for
a desired error rate and Doppler frequency is highly dependent on how we transmit
pilots [48] in OFDM systems. Rearrangement of pilot symbols, in some cases, can
handle 10 times higher Doppler frequencies alternatively reduce the needed pilot
symbols the same amount, still retaining the same bit error rate [48].
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1.7 Objectives and Outline of Thesis
In this research work, channel estimation in OFDM systems is investigated. The
main objective of this thesis is to investigate the performance of channel estimation
in OFDM systems, study different patterns of pilot symbols which already have been
proposed in literature, and then suggest a new scheme of transmitting pilots. We
compare proposed pattern with the existing patterns, and discuss the usefulness of
proposed scheme.
The main objectives of this thesis are: (1) Investigate the effectiveness of Or-
thogonal Frequency Division Multiplexing (OFDM) as a modulation technique for
wireless radio applications. Main factors effecting the performance of a OFDM sys-
tem are multipath delay spread and channel noise. The performance of OFDM is
assessed using computer simulations performed using Matlab. It was found that
OFDM performs extremely well, providing a very high tolerance to multipath delay
spread and channel noise. (2) In pilot assisted channel estimation [48], we study dif-
ferent pilot arrangements, and investigate how to select a suitable pilot pattern for
wireless OFDM transmission. We compare our proposed pattern of pilots with ex-
isting pilot patterns and discus the effectiveness of proposed scheme. (3) In wireless
OFDM systems, effect of the channel is two fold, phase of the channel induces shifts
in the frequencies of sub carriers, due to which we have high error rates in OFDM
transmission. We propose a new method for the compensation of channel phase,
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and verify it by simulations, that method works well for slowly varying channels,
and gives improvement in error rate.
This thesis is organized as follows: In Chapter 2, the basics of OFDM are pre-
sented. It is explained how an OFDM signal is formed using the inverse fast fourier
transform, how the cyclic extension helps to mitigate the effects of multipath. Chap-
ter 3 focuses on various aspects of multipath fading channel, what are the different
attributes of multipath fading channel, and which model we use in our simulations.
In Chapter 4, an overview of different approaches of channel estimation in OFDM
systems is presented. We also discuss different channel estimation and interpolation
techniques in Chapter 4. Chapter 5 demonstrates the simulation result of OFDM
system employing a single antenna under AWGN and a 2-ray static multipath chan-
nel. Basic design rules are also given here how to choose the OFDM parameters,
giving a required bandwidth, multipath delay spread and maximum Doppler spread.
Chapter 6 describes the proposed pilot arrangement and compares it with the exist-
ing arrangements via simulations and results are discussed. We also describe a new
scheme for adaptive channel estimation and for the compensation of frequency off-
sets in OFDM systems. Chapter 7 concludes the thesis and summarizes the results
of the work. Areas for future work are also suggested.
Chapter 2
Introduction To OFDM
Orthogonal frequency division multiplexing (OFDM) is based on multicarrier com-
munication techniques. The idea of multicarrier communications is to divide the
total signal bandwidth into number of subcarriers and information is transmitted on
each of the subcarriers. Unlike the conventional multicarrier communication scheme
in which spectrum of each subcarrier is non-overlapping and bandpass filtering is
used to extract the frequency of interest, in OFDM the frequency spacing between
subcarriers is selected such that the subcarriers are mathematically orthogonal to
each others. The spectra of subcarriers overlap each other but individual subcarrier
can be extracted by baseband processing. This overlapping property makes OFDM
more spectral efficient than the conventional multicarrier communication scheme
[54].
In the more conventional approach the traffic data is applied directly to the mod-
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ulator with a carrier frequency at the center of the transmission band f0, ..., fN−1,
,i.e., at (fN−1 + f0)/2, and the modulated signal occupies the entire bandwidth
W . When the data is applied sequentially the effect of a deep fade in a mobile
channel is to cause burst errors. Figure 2.1 shows the serial transmission of symbols
S0, S1, ..., SN−1, while the solid shaded block indicates the position of the error burst
which affects only k < N symbols.
By contrast, during the N -symbol period of the conventional serial system, each
OFDM modulator carriers only one symbol, and the error burst causes sever signal
degradation of the duration of k-serial symbols. This degradation is shown cross-
hatched. However, if the error burst is only a small fraction of the symbol period
than each of the OFDM symbols may only be slightly affected by the fade and they
can still be correctly demodulated. Thus while the serial system exhibits an error
burst, no errors or few errors may occur using the OFDM approach.
A further advantage of OFDM is that because the symbol period has been in-
creased, the channel delay spread is significantly a shorter fraction of a symbol period
than in the serial system, potentially rendering the system less sensitive to ISI than
the conventional serial system.
A disadvantage of the OFDM approach, shown in Figure 2.2, is the increased
complexity over the conventional system caused by employing N modulators and
filters at the transmitter and N demodulators and filters at the receiver. However,
this complexity can be removed by the use of the FFT and IFFT at the receiver
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and transmitter, respectively [17].
2.1 Brief History of OFDM
The concept of using parallel data transmission by means of frequency division
multiplexing (FDM) was published in mid 60’s by Chang [7], [27]. Some early
developers can be traced back in the 50’s a U.S. patent was filled and issued in
January, 1970. The idea was to use parallel data streams and FDM with overlapping
subchannels to avoid the use of high speed equalization, and to combat impulsive
noise, and multipath distortion as well as to fully use the available bandwidth. The
initial applications were in the military communications. In the telecommunications
field, the term of discrete Multitone, multi-channel modulation and multi-carrier
modulation (MCM) are widely used and sometimes they are interchangeable with
OFDM. In OFDM, each carrier is orthogonal to all other carriers. However, this
condition is not always maintained in MCM. OFDM is an optimum version of multi
carrier transmission schemes [6].
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Figure 2.1: Effect of a fade on serial and parallel systems
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For a large number of subchannels, the arrays of sinusoidal generators and co-
herent demodulator require in parallel system become unreasonably expensive and
complex. The receiver needs precise phasing of the demodulator carriers and sam-
pling times in order to keep crosstalk between subchannels acceptable.
Weinstein and Ebert [17] applied the discrete Fourier transform to parallel data
as part of modulation and demodulation process. But the problem with FFT is
that here we can use only limited frequencies, which are the integral multiples of 1
T
,
where T is the symbol time period. In the 1980’s, OFDM was studied for high-speed
modems, digital mobile communications [24] and high density recording. One of the
systems, used a pilot tone [55] for stabilizing carrier and clock frequency control and
trellis coding was implemented. In 1990’s, OFDM was exploited for wideband data
communications over mobile radio FM channels, high bit-rate digital subscriber line,
asymmetric digital subscriber line, very high speed digital subscriber lines, digital
audio broadcasting (DAB) [56] and HDTV terrestrial broadcasting.
2.2 Generation of OFDM Symbols
A baseband OFDM symbol can be generated in the digital domain before modulat-
ing on a carrier for transmission. To generate a baseband OFDM symbol, a serial
digitized data stream is first modulated using common modulation schemes such as
the phase shift keying (PSK) or quadrature amplitude modulation (QAM). These
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data symbols are then converted to parallel streams before modulating subcarriers.
Subcarriers are sampled with sampling rate N
Ts
, where N is the number of subcar-
riers and Ts is the OFDM symbol duration. The frequency separation between two
adjacent subcarriers is 2pi
N
. Finally, samples on each subcarrier are summed together
to form an OFDM sample. An OFDM symbol generated by an N -subcarrier OFDM
system consists of N samples and the m-th sample of an OFDM symbol is given
by [57].
xm =
N−1∑
n=1
Xne
j 2pimn
N 0 ≤ m ≤ N − 1 (2.1)
where Xn is the transmitted data symbol on the nth carrier. Equation (2.1) is
equivalent to the N -point inverse discrete Fourier transform (IDFT) operation on
the data sequence with the omission of a scaling factor. It is well known [58] that
IDFT can be implemented efficiently using inverse fast Fourier transform (IFFT).
Therefore, in practice, the IFFT is performed on the data sequence at an OFDM
transmitter for baseband modulation and the FFT is performed at an OFDM re-
ceiver for baseband demodulation. Size of FFT and IFFT is N , which is equal to
the number of sub channels available for transmission, but all of the channels needs
to be active. The sub-channel bandwidth is given by
fsc =
1
Ts
=
fsamp
N
(2.2)
where fsamp is the sample rate and Ts is the symbol time.
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Finally, a baseband OFDM symbol is modulated by a carrier to become a band-
pass signal and transmitted to the receiver. In the frequency domain, this corre-
sponds to translating all the subcarriers from baseband to the carrier frequency
simultaneously. Figure 2.2 shows a 3-subcarrier OFDM transmitter and the process
of generating one OFDM symbol.
2.3 Intersymbol and Intercarrier Interference
In a multipath environment, a transmitted symbol takes different times to reach the
receiver through different propagation paths. From the receivers point of view, the
channel introduces time dispersion in which the duration of the received symbol is
stretched. Extending the symbol duration causes the current received symbol to
overlap previous received symbols and results in intersymbol interference (ISI) [8].
In OFDM, ISI usually refers to interference of an OFDM symbol by previous OFDM
symbols.
In OFDM, the spectra of subcarriers overlap but remain orthogonal to each other.
This means that at the maximum of each subcarrier spectrum, all the spectra of
other subcarriers are zero [28]. The receiver samples data symbols on individual
subcarriers at the maximum points and demodulates them free from any interfer-
ence from the other subcarriers. Interference caused by data symbols on adjacent
subcarriers is referred to intercarrier interference (ICI).
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The orthogonality of subcarriers can be viewed in either the time domain or in
frequency domain. From the time domain perspective, each subcarrier is a sinusoid
with an integer number of cycles within one FFT interval. From the frequency
domain perspective, this corresponds to each subcarrier having the maximum value
at its own center frequency and zero at the center frequency of each of the other
subcarriers. Figure 2.3 shows the spectra of four subcarriers in the frequency domain
for the orthogonality case.
The orthogonality of a subcarrier with respect to other subcarriers is lost if the
subcarrier has nonzero spectral value at other subcarrier frequencies. From the time
domain perspective, the corresponding sinusoid no longer has an integer number of
cycles within the FFT interval. Figure 2.4 shows the spectra of four subcarriers in
the frequency domain when orthogonality is lost.
ICI occurs when the multipath channel varies over one OFDM symbol time [59].
When this happens, the Doppler shifts on each multipath component causes a fre-
quency offset on the subcarriers, resulting in the loss of orthogonality among them.
This situation can be viewed from the time domain perspective, in which the integer
number of cycles for each subcarrier within the FFT interval of the current symbol
is no longer maintained due to the phase transition introduced by the previous sym-
bol. Finally, any offset between the subcarrier frequencies of the transmitter and
receiver also introduces ICI to an OFDM symbol.
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Figure 2.3: Spectra of three orthogonal subcarriers
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2.4 Guard Time Insertion
OFDM is resilient to ISI because its symbol duration is long compared with the data
symbols in the serial data stream. For an OFDM transmitter with N subcarriers,
if the duration of a data symbol is T
′
, the duration of the OFDM symbol at the
output of the transmitter is
Ts = T
′
N (2.3)
Thus if the delay spread of a multipath channel is greater than T
′
but less then Ts,
the data symbol in the serial data stream will experience frequency-selective fading
while the data symbol on each subcarrier will experience only flat-fading. Moreover,
to further reduce the ISI, a guard time is inserted at the beginning of each OFDM
symbol before transmission as shown in Figure 2.5, and removed at the receiver
before the FFT operation.
Cyclic
Prefix
Time
Figure 2.5: The cyclic prefix is a copy of the last part of OFDM symbol
If the guard time is chosen such that its duration is longer than the delay spread,
the ISI can be completely eliminated. Figure 2.6 illustrates the concept of guard
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time insertion in an OFDM system. Figure 2.7 demonstrates the idea of eliminating
ISI from OFDM symbols. In Figure 2.7(a), an OFDM symbol received is interfered
from the previous OFDM symbol. On the other hand, Figure 2.7(b) shows that the
OFDM symbol received is no longer interfered from the previous OFDM symbol.
However, the received symbol is still interfered by its replicas and we refer to this
type of interference as self-interference. In order to preserve orthogonality among
subcarriers, the guard time is inserted by cyclically extending an OFDM symbol.
Guard time insertion can be introduced in many ways [60], but the most effective
way of inserting guard period [57] is to extract a portion of an OFDM symbol at
the end and append it to the beginning of the OFDM symbol. Samples after guard
time can be expressed as
xgk = x(k+N−GI)N , 0 ≤ k ≤ (N +GI − 1) (2.4)
where k is the sample index of an OFDM symbol, N is the number of subcarriers,
GI is the guard time duration, and (k)N is the residue modulo N .
2.5 Mathematical Model of OFDM System
The basic idea of OFDM is to divide the available spectrum into several subchan-
nels (subcarriers) by making all subchannels narrowband, they experience almost
flat fading, which makes equalization very simple or may not require equalization.
To obtain a high spectral efficiency the frequency response of the subchannels are
37
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Direct Path
1st Multipath
2nd Multipath
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Multipath Channel
(a)
1 symbol duration
Self Interference
Direct Path
1st Multipath
2nd Multipath
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GI 1 FFT duration
Figure 2.6: Received OFDM Symbol Components after passing through a multipath
channel (a) without guard interval (b) with guard interval
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Figure 2.7: Received OFDM Symbols after passing through a multipath channel (a)
without guard interval (b) with guard interval
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overlapping and orthogonal, hence the name OFDM. This orthogonality can be
completely maintained, even though the signal passes through a time dispersive
channel, by introducing a cyclic prefix [54]. There are several versions of OFDM,
see e.g., [61]-[62]-[17] but we focus on systems using such a cyclic prefix [24]. A
cyclic prefix is a copy of the last part of the OFDM symbol which is prepended to
the transmitted symbol, see Figure 2.5. This makes the transmitted signal periodic,
which plays a decisive roll in avoiding intersymbol and intercarrier interference [61].
This is explained later in this section, although the cyclic prefix introduces a loss in
signal to noise ratio (SNR), it is usually a small price to pay to mitigate interference.
A schematic diagram of a baseband OFDM system is shown in Figure 2.8. For
this system we employ the following assumptions:
1. A cyclic prefix is used.
2. The impulse response of the channel is shorter than the cyclic prefix.
3. Transmitter and Receiver are perfectly time synchronized.
4. The fading is slow enough for the channel to be considered constant during
one OFDM symbol interval.
In order to go thorough analysis of the system, we make some assumptions and
develop a system model. Therefore, it is common practice to use simplified models
resulting in a tractable analysis. We classify these OFDM system models into two
different classes, continuous time and discrete time.
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2.5.1 Continuous Time Model
The earlier OFDM systems did not employ digital modulation and demodulation.
Hence, the continuous time OFDM model presented below can be considered as the
ideal OFDM system, which in practice is digitally synthesized. Since this is the first
model described, we move through it in a step by step fashion. We start with the
waveforms used in the transmitter and proceed all the way to the receiver.
• Transmitter
Assuming an OFDM system with N subcarriers, a bandwidth of W Hz and
symbol length of T seconds, of which Tcp seconds is the length of the cyclic
prefix, the transmitter uses the following waveforms:
φk(t) =

1√
T−Tcp
ej2pi
w
N
k(t−Tcp) if t  [0,T]
0 otherwise
(2.5)
where T = N
W
+Tcp. Note that φk(t) = φk(t+
N
W
), where T is within the cyclic
prefix [0, Tcp].
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Since φk(t) is the rectangular pulse modulated on the carrier frequency
kW
N
, the
common interpretation of OFDM is that it uses N subcarriers, each carrying a
low bit-rate. Now the transmitted baseband signal for OFDM symbol number
l is
s`(t) =
N−1∑
k=0
xk,`φk(t− `T ) (2.6)
where x0,`, x1,`, ..., xN−1,` are complex symbols form a set of signal constella-
tion points. When an infinite sequence of OFDM symbols is transmitted, the
output from the transmitter is a juxtaposition of individual OFDM symbols:
s(t) =
∞∑
`=−∞
s`(t) =
+∞∑
`=−∞
N−1∑
k=0
xk,`φk(t− `T ) (2.7)
• Physical Channel We assume that the support of the (possibly time vari-
ant)impulse response g(τ ; t) of the physical channel is restricted to the interval
τ ∈ [0, Tcp] i.e. to the length of the cyclic prefix. The received signal becomes
r(t) = g(τ, t) ∗ s(t) + n(t) =
∫ Tcp
0
g(τ ; t)s(t− τ)dτ + n˜(t) (2.8)
where n˜(t) is additive white, complex Gaussian channel noise.
• Receiver The OFDM receiver consists of a filter bank, matched to the last
part [Tcp, T ] of the transmitter waveforms φk(t), i.e.,
ψk(t) =

φ∗(T − t) if t  [0,T− Tcp]
0 otherwise
(2.9)
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Effectively, this means, that the cyclic prefix is removed in the receiver. Since
the cyclic prefix contains all ISI from the previous symbol, the sampled output
from the receiver filter bank contains no ISI. Hence we can ignore the time
index ` when calculating the sampled output at the kth matched filter. By
using Equation (2.7), (2.8) and (2.9), we get
yk =
∫ T
Tcp
(
∫ Tcp
0
g(τ ; t) [
N−1∑
k
′
=0
xk′φk′ (t− τ)] dτ) φ∗k(t) dt +
∫ T
Tcp
n˜(T − t) φ∗k(t) dt (2.10)
We consider the channel to be fixed over the OFDM symbol interval and denote
it by g(τ), which gives
yk =
N−1∑
k′=0
xk′
∫ T
Tcp
(
∫ Tcp
0
g(τ) φk′ (t− τ) dτ) φ∗k(t) dt +
∫ T
Tcp
n˜(T − t) φ∗k(t) dt (2.11)
The integration intervals are Tcp < t < T and 0 < τ < Tcp which implies that
0 < t− τ < T and the inner integral can be written as
∫ Tcp
0
g(τ) φk′ (t− τ) dτ =
∫ Tcp
0
g(τ)
ej2pik
′
(t−τ−Tcp)WN√
T − Tcp
dτ
=
ej2pik
′
(t−Tcp)WN√
T − Tcp
∫ Tcp
0
g(τ)e−j2pik
′
τ W
N dτ, Tcp < t < T (2.12)
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The latter part of this expression is the sampled frequency response of the
channel at frequency f = k
′W
N
, i.e., at the k
′
th subcarrier frequency:
hk′ = G(k
′W
N
) =
∫ Tcp
0
g(τ)e−j2pik
′
τ W
N dτ, (2.13)
where G(f) is the Fourier transform of g(τ). Using this notation the output
from the receiver filter bank can be simplified to
yk =
N−1∑
k′=0
xk′
∫ T
Tcp
ej2pik
′
(t−Tcp)WN√
T − Tcp
hk′ φ
∗
k(t) dt +
∫ T
Tcp
n˜(T − t) φ∗k(t) dt
=
N−1∑
k′=0
xk′hk′
∫ T
Tcp
φk′ (t) φ
∗
k(t) dt+ nk, (2.14)
where
nk =
∫ T
Tcp
n˜(T − t) φ∗k(t) dt
Since the transmitter filters φk(t) are orthogonal,
∫ T
Tcp
φk′ (t) φ
∗
k(t) dt =
∫ T
Tcp
ej2pik
′
(t−Tcp)WN√
T − Tcp
e−j2pik(t−Tcp)
W
N√
T − Tcp
dt
= δ[k − k′ ], (2.15)
where δ[k] is the Kronecker delta function [58], we can simplify Equation (2.14)
and obtain
yk = hkxk + nk, (2.16)
where nk is the additive white Gaussian noise (AWGN).
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The benefit of cyclic prefix is twofold: it avoids both ISI (since it acts as a
guard space) and ICI (since it maintains the orthogonality of the subcarriers).
By re-introducing the time index `, we may now view the OFDM system as a
set of parallel Gaussian channels, according to Figure 2.9.
X +
X +
.
.
.
.
,0x
,1−Nx
,0h ,0n
,1−Nh ,1−Nn
,0y
,1−Ny
.
.
.
.
Figure 2.9: The continuous time OFDM system interpreted as parallel Gaussian
channels.
2.5.2 Discrete-time model
In discrete time model, as compared to continues time model, the modulation and
demodulation are replaced by an inverse DFT (IDFT) and a DFT, respectively, and
the channel is a discrete time convolution. The cyclic prefix operates in the same
fashion and the calculations can be performed in essentially the same way. The main
difference is that all integrals are replaced by sums.
From the receiver’s point of view, the use of a cyclic prefix longer than the
channel will transform the linear convolution in the channel to a cyclic convolution.
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Denoting cyclic convolution by ′⊗′, we can write the whole OFDM system as:
yl = DFT (IDFT (xl)⊗ gl + n˜l)
= DFT (IDFT (xl)⊗ gl) + nl, (2.17)
where yl contains N received data points, sl the N transmitted constellation points,
gl the impulse response of the channel (padded with zero to obtain a length of N),
and n˜l the channel noise. Since the channel noise is assumed white and Gaussian,
the term nl = DFT (n˜l) represents the uncorrleated Gaussian noise. Further, we
use that the DFT of two cyclically convolved signals is equivalent to the product
of their individual DFTs. Denoting element-by-element multiplication by (.), the
above expression can be written
yl = xl.DFT (gl) + nl = xl.hl + nl, (2.18)
where hl = DFT (gl) is the frequency response of the channel. Thus we have ob-
tained the same type of parallel Gaussian channels as for the continuous-time model.
The only difference is the channel attenuations hl are given by the N point DFT
of the discrete time channel, instead of the sampled frequency response as in Equa-
tion (2.15).
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2.6 Equalization and Channel Estimation
2.6.1 Equalization
Although the guard time which has longer duration than the delay spread of a
multipath channel can eliminate ISI because of the previous symbol, but it is still
have some ISI because of the frequency selectivity of the channel. In order to
compensate this distortion, a one-tap channel equalizer is needed. At the output
of FFT on the receiver side, the sample at each subcarrier is multiplied by the
coefficient of the corresponding channel equalizer. The coefficient of an equalizer
can be calculated based on the zero-forcing (ZF) criterion or the minimum mean-
square error (MMSE) criterion [63]. The ZF criterion forces ISI to be zero at the
sampling instant of each subcarrier. The coefficient of a one-tap ZF equalizer is
calculated as follows:
Cn =
1
Hn
(2.19)
whereHn is the channel frequency response within the bandwidth of the n-th subcar-
rier. The disadvantage of ZF criterion is that it enhances noise at the n-th subcarrier
if Hn is small, which corresponds to spectral nulls [64].
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2.6.2 Channel Estimation
Equation (2.19) showed that one needs to perform channel estimation in order to
obtain weights for equalizers on individual subcarriers. Training symbols known
as Pilot Symbols, are often used to perform channel estimation [48]. In OFDM,
since equalization is performed in the frequency domain, it is the channel frequency
response that must be estimated. In the multipath environment, the demodulated
symbol Xn on the n-th sub-carrier at the output of FFT without ISI and ICI can
be represented in Equation (2.20).
Yn = [
GI−1∑
l=0
H l(0)e−j
2pinl
N ]Xn +Nn, (2.20)
where GI is the number of multipath components, Nn is the FFT of the additive
white Gaussian noise (AWGN) on the n-th subcarrier and Hl(0) is the channel
frequency response of the l-th multipath component at the zero-th frequency. To
estimate the channel frequency response, pilot symbols are inserted to the subcar-
riers in the frequency domain, i.e., they are inserted before IFFT operation at the
transmitter side. Let Hn be the channel frequency response experienced by Xn, i.e.,:
Yn =
GI−1∑
l=0
H l(0)e−j
2pinl
N (2.21)
The channel frequency response experienced by the pilot symbol Pn on the n-th
subcarrier can be estimated as:
Hˆn = Hn +
Nn
Pn
(2.22)
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Since pilot symbols usually occupy a small amount of bandwidth for spectral effi-
ciency, interpolation across frequency is required to estimate the channel frequency
response where pilot symbols are not located. The channel frequency response at
the m-th subcarrier Hˆm can be interpolated linearly as [54]:
Hˆm = [1− m
N
]Hˆp1 +
m
N
Hˆp2, p1 ≤ m ≤ p2, (2.23)
where Hˆp1 and Hˆp2 are the channel frequency response estimated by the pilot sym-
bols on the p1-th and p2-th subcarriers. Furthermore, if the multipath channel is
time varying in nature, then interpolation across time may also require tracking the
channel.
Chapter 3
Multipath Fading Channel
Radio channel is the link between the transmitter and the receiver that carries
information bearing signal in the form of electromagnetic waves. The radio channel
is commonly characterized by scatterers (local to the receiver) and reflectors (local
to the transmitter). Small scale fading, or simply fading, is used to describe the
rapid fluctuations of the amplitude of a radio signal over a short period of time or
travel distance, so that large scale path loss effects may be ignored.
3.1 Propagation Characteristics of Mobile Radio
Channels
In an ideal radio channel, the received signal would consist of only a single direct
path signal, which would be a perfect reconstruction of the transmitted signal. How-
50
51
ever, in a real channel the signal is modified during transmission. The received signal
consists of a combination of attenuated, reflected, refracted, and diffracted replicas
of the transmitted signal. On top of all this, the channel adds noise to the signal
and can cause a shift in the carrier frequency if either of the transmitter or receiver
is moving (Doppler effect). Understanding of these effects on the signal is impor-
tant because the performance of a radio system is dependent on the radio channel
characteristics.
3.1.1 Attenuation
Attenuation is the drop in the signal power when transmitting from one point to
another. It can be caused by the transmission path length, obstructions in the signal
path, and multipath effects. Figure 3.1 shows some of the radio propagation effects
that cause attenuation. Any objects which obstruct the line of sight of the signal
from the transmitter to the receiver, can cause attenuation.
Shadowing of the signal can occur whenever there is an obstruction between the
transmitter and receiver. It is generally caused by buildings and hills, and is the
most important environmental attenuation factor.
Shadowing is the most severe in heavily built up areas, due to the shadowing from
buildings. However, hills can cause a large problem due to the large shadow they
produce. Radio signals diffract off the boundaries of obstructions, thus preventing
total shadowing of the signals behind hills and buildings. However, the amount of
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Figure 3.1: Radio Propagation Effects
diffraction is dependent on the radio frequency used, with high frequencies scatter
more than low frequency signals. Thus high frequency signals, especially, Ultra High
Frequencies (UHF) and microwave signals require line of sight for adequate signal
strength, because these scatter too much. To over come the problem of shadowing,
transmitters are usually elevated as high as possible to minimise the number of
obstructions. Typical amounts of variation in attenuation due to shadowing are
shown in Table 3.1
Shadowed areas tend to be large, resulting in the rate of change of the signal
Description Typical Attenuation due to
shadowing
Heavily built-up urban center 20dB variation from street to street
Sub-urban area (fewer large buildings) 10dB greater signal power than built-up
urban center
Open rural area 20dB greater signal power than sub-urban
areas
Terrain irregularities and tree foliage 3-12dB signal power variation
Table 3.1: Typical Attenuation in a radio channel (values from [1])
53
power being slow. For this reason, it is named slow-fading, or log-normal shadowing.
3.1.2 Multipath Effects
Rayleigh Fading
In a radio link, the RF signal from the transmitter may be reflected from objects
such as hills, buildings, or vehicles. This gives rise to multiple transmission paths at
the receiver. Figure 3.2 shows some of the possible ways in which multipath signals
can occur.
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Figure 3.2: Multipath Reception
The relative phase of multiple reflected signals can cause constructive or de-
structive interference at the receiver. This is experienced over very short distances
(typically at half wavelength distances), which is given the term fast fading. These
variations can vary from 10-30dB over a short distance. The Rayleigh distribution is
commonly used to describe the statistical time varying nature of the received signal
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power. It describes the probability of the signal level being received due to fading.
Table 3.2 shows the percentage probability of the signal level being less than the
value given in column 1 of Table 3.2, for the Rayleigh distribution.
Signal Level(dB) Percentage Probability
10 99
0 50
-10 5
-20 0.5
-30 0.05
Table 3.2: Cummulative distribution for Rayleigh distribution (values from [2])
Frequency Selective Fading
In any radio transmission, the channel spectral response is not flat. It has dips or
fades in the response due to reflections causing cancellation of certain frequencies
at the receiver. Reflections off near-by objects (e.g. ground, buildings, trees, etc)
can lead to multipath signals of similar signal power as the direct signal. This can
result in deep nulls in the received signal power due to destructive interference.
For narrow bandwidth transmissions if the null in the frequency response occurs
at the transmission frequency then the entire signal can be lost. This can be partly
overcome in two ways. By transmitting a wide bandwidth signal or spread spectrum
as in the case of CDMA, any dips in the spectrum only result in a small loss of signal
power, rather than a complete loss. Another method is to split the transmission
up into many carriers carrying low rate data, as is done in a COFDM/OFDM
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transmission. In CDMA, the original signal is spread over a wide bandwidth thus,
any nulls in the spectrum are unlikely to occur at all of the carrier frequencies.
This will result in only some of the carriers being lost, rather then the entire signal.
The information in the lost carriers can be recovered provided enough forward error
corrections is sent.
Delay Spread
The received radio signal from a transmitter consists of typically a direct signal plus
signals reflected off object such as buildings, mountains, and other structures. The
reflected signals arrive at a later time than the direct signal because of the extra
path length, giving rise to a slightly different arrival time of the transmitted pulse.
The signal energy confined to a narrow pulse is spreading over a longer time. Delay
spread is a measure of how the signal power is spread over the time between the
arrival of the first and last multipath signal seen by the receiver.
In a digital system, the delay spread can lead to inter-symbol interference. This
is due to the delayed multipath signal overlapping symbols that follows. This can
cause significant errors in high bit rate systems, especially when using time division
multiplexing (TDMA). As the transmitted bit rate is increased the amount of inter-
symbol interference also increases. The effect starts to become very significant when
the delay spread is greater then 50% of the bit time.
Table 3.3 shows the typical delay spread that can occur in various environments.
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The maximum delay spread in an outdoor environment is approximately 20µsec,
thus significant intersymbol interference can occur at bit rates as low as 25kbps. In
some mountainous areas, like salt lake city USA, delay spread of 100µsec has been
measured.
Inter-symbol interference can be minimized in several ways. One method is to
reduce the symbol rate by reducing the data rate for each channel (i.e. split the
bandwidth into more channels using frequency division multiplexing). Another is to
use a coding scheme which is tolerant to inter-symbol interference such as CDMA.
3.1.3 Doppler Shifts
When a signal source and/or a receiver are moving relative to one another, the
frequency of the received signal will not be the same as the source. When they are
moving away, the frequency of the received signal is lower then the source, and when
they are approaching each other the frequency increases. This is called the Doppler
effect. An example of this is the change of pitch in a cars horn as it approaches then
passes by. This effect becomes important when developing mobile radio systems.
The amount the frequency changes due to the Doppler effect depends on the
relative motion between the source and receiver and on the speed of propagation of
Environment Delay Spread Maximum Path Length Difference
Indoor 40nsec - 200nsec 12m - 60m
Outdoor 1µsec - 20µsec 300m - 6km
Table 3.3: Cummulative distribution for Rayleigh distribution (values from [2])
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the wave. The Doppler shift in frequency can be written [65]:
∆fd ≈ ±fo v
c
cosα (3.1)
where ∆f is the change in frequency of the source seen at the receiver, fo is the
frequency of the source, v is the speed difference between the source and transmitter,
and c is the speed of light, and α is the angle between the line joining the transmitter
and receiver at the direction of travel of mobile.
For example: Let f0 = 1GHz and v = 60km/hr, then the doppler shift will be
∆fd = 10
9.
16.67
3X108
= 55.5 Hz
This shift of 55Hz in the carrier will generally not effect the transmission. However,
Doppler shift can cause significant problems if the transmission technique is sensitive
to carrier frequency offsets (for example in OFDM) or the relative speed is higher
(for example in low earth orbiting satellites).
3.2 Modeling of Mobile Radio Channels
In last few decades, modeling and characterization of fading channels had gained
considerable interest. Over many years, a large number of experiments have been
carried out to investigate fading channels. Earlier work in this area includes the
contributions of Bello [66], Clarke [67] and Jakes [68].
Assuming a low-pass equivalent model for the channel, the received signal r(t)
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over a fading multipath channel can be represented by [8]
r(t) =
∫ +∞
−∞
h(τ, t)s(t− τ)dτ (3.2)
where s(t) is the transmitted signal and h(τ, t) is the channel impulse response at
delay τ and time instant t. In discrete form,
r(n) =
∞∑
i=−∞
h(iTs, n)s(n− iTs) (3.3)
where Ts is the symbol duration and n represents the sampling index. Defining a
compact notation for the time varying channel coefficients in the form,
hi(n) = h(iTs, n)
Equation (3.3) can be written as
r(n) =
∞∑
i=−∞
hi(n)s(n− iTs) (3.4)
The form of received signal in Equation (3.4) suggests that the impulse response
of fading multipath channel can be modeled as a tapped delay line filter, a finite
impulse response filter, with tap spacing Ts and time varying coefficients hi(n).
The time varying coefficients are characterized as random processes because of the
constantly changing physical characteristics of the channel. The tap weights, hi(n),
in Figure 3.3 can be expressed as
hi(n) =
√
ρiGi(n) (3.5)
where ρi is the strength of the ith path and Gi(n) is the complex stochastic process
specified by its mean square value and power spectrum density.
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Figure 3.3: Tapped delay line model of fading channel with four taps
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3.2.1 Fading Statistics
Fading describes the rapid fluctuations of the amplitude of radio signal when passes
through radio channels, over a short period of time. The complex stochastic process
Gi(n) in Equation (3.5) represents the fading and can be completely characterized
by specifying the pdf of its amplitude, phase and the autocoorelation function.
The simplest process that can exhibit time-selective and frequency-selective fad-
ing is wide-sense stationary uncorrelated scattering (WSSUS) process introduced by
Bello [66]. The number of uncorrelated paths is sufficiently large so that quadrature
components of the fading process are Gaussian distributed according to the central
limit theorem [2]. In the absence of direct path, the Gaussian process has zero mean
and the pdf of the envelope is Rayleigh [68] given by
fG(g) =
g
σ2
e−g
2/2σ2 , g ≥ 0 (3.6)
where σ2 = E[GG∗] is the variance of Gaussian process. The phase pdf has uniform
distribution [68],
fθ(θ) =
1
2pi
, 0 ≤ θ ≤ 2pi (3.7)
A typical and often assumed shape for the power spectral density, also known as
Doppler Spectrum, of the fading process for mobile radio channels is given by Jakes
Spectrum [68],
S(f) =

σ2
pifm
√
1−(f/fm)2
|f| ≤ fm
0 elsewhere
(3.8)
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where fm is the maximum doppler frequency shift found from Equation (3.1). The
autocorrelation function of the fading process is given by
<(τ) = σ2J0(2pifmτ) (3.9)
where J0 is the first order Bessel’s function.
3.2.2 Propagation Delay Profile
To specify the tapped delay line model of fading channel completely, the relative
strength of the multi-paths, ρi is also required as mentioned in Equation (3.5). The
relative strength of paths is usually represented by the propagation delay profile
of the channel which is dependent on environment and is usually determined by
experiments and measurements. In this thesis, we use exponential propagation
delay profile.
3.3 Realization of Rayleigh fading in simulations
In this section, we describe the simulator that will be used to simulate the channel.
Basically, we need colored Gaussian noise to realize fading channel statistics which
may be Rayleigh, Rician or any other. These colored Gaussian processes can be gen-
erated either by filtering white Gaussian noise [67] or by deterministic methods [68]
or by Monte Carlo approach [69].
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Filtering method requires large number of filter taps [70] to reshape the spec-
trum and it is based on Clarkes model. A deterministic method to simulate mobile
fading channels is based on Rice’s sum of sinusoids [68]. In this case, a colored
Gaussian noise is approximated by a finite sum of sinusoids with proper weights and
frequencies.
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64
Jakes also presented a realization for the simulation of fading channel model
which generates real and imaginary parts of the channel taps coefficients as weighted
sum of sinusoids. Jakes simulator has been widely used and extensively studied over
the past three decades [71], [72]. Recently, Pop and Beaulieu [73] have highlighted
few shortcomings in the Jakes model. They propose to include a random phase in
the low frequency oscillators of the Jakes model. In this thesis, we have implemented
this modified Jakes model as fading channel simulator.
The real and imaginary parts of the channel taps are generated as [68]
gI(t) = 2
N0∑
n=1
cos βn cos(ωnt+ φn) +
√
2 cosα cos(ωmt) (3.10)
gQ(t) = 2
N0∑
n=1
sin βn cos(ωnt+ φn) +
√
2 sinα cos(ωmt) (3.11)
where
βn =
npi
N0 + 1
ωn = ωm cos(
2pin
N
) N0 =
1
2
(
N
2
− 1)
where t = kTs and φ1, ..., φN0 are uniformly distributed random variables over [0, 2pi].
We have implemented the technique proposed by Jakes [68] and modify it according
to [73]. In this technique, the nth oscillator is given an additional phase shift
γnl + βn while retaining gains. For lth path the in-phase component of the fading
can be written as:
g`(t) = 2
N0∑
n=1
cos βn cos(ωnt+ φn + θnl) +
√
2 cosα cos(ωmt) (3.12)
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where,
θnl = γnl + βn βn =
npi
N0 + 1
γnl =
2pi(`− 1)n
N0 + 1
The quadrature component can be modified in the same manner. The normalized
complex channel tap for lth path is
G`(t) = g
I
` (t) + jg
Q
` (t) (3.13)
which will be normalized such that E[G`G
∗
` ] = 1. The Rayleigh distribution of
channel taps is shown in Figure 3.5. At lower values of doppler frequencies, taps
of channel varies slowly as shown in Figure 3.6, while at higher doppler frequencies
taps of the channel changing fastly, implying the fact that mobile terminal is now
moving with a higher speed and channel changes accordingly, as shown in Figure 3.7.
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Figure 3.5: Channel Taps Distribution
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Figure 3.6: Fading Envelope at fd = 10 Hz
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Chapter 4
Channel Estimation in OFDM
Systems
Modulation can be classified as differential or coherent. When using differential
modulation there is no need for a channel estimate, since the information is encoded
in the difference between two consecutive symbols [8]. This is a common technique
in wireless communication system, which, since no channel estimates is needed,
reduces the complexity of the receiver. Differential modulation is used in European
DAB standard [56]. The drawbacks are about a 3 dB noise enhancement [8], and
inability to use efficient multiamplitude constellations. An interesting alternative of
DPSK is differential amplitude phase shift keying [74], where a spectral efficiency
greater than DPSK is achieved by using a differential coding of amplitude as well.
Obviously, this requires a non uniform amplitude distribution. However, in wired
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systems, where channel is not changing with time, coherent modulation is an obvious
choice. But, in wireless systems, the efficiency of coherent modulation makes it an
ideal choice when the bit error rate is high, such as in DVB [75].
Channel estimation in wired systems is straightforward, channel is estimated
at startup, and since channel remains the same, therefore no need to estimate it
continuously. Hence, in this thesis, we concentrate on channel estimation, regarding
wireless OFDM systems only .
There are mainly two problems in the design of channel estimators for the wireless
systems. The first problem is concerned with the choice of how the pilot information
should be transmitted. Pilot symbols along with the data symbols can be transmit-
ted in a number of ways, and different patterns yields different performances [48].
The second problem is the design of an interpolation filter with both low complexity
and good performance. These two problems are interconnected, since the perfor-
mance of the interpolator depends on how pilot information is transmitted.
4.1 Pilot Symbol Assisted Modulation
Channel estimation usually needs some kind of pilot information as a point of ref-
erence. Channel estimates are often achieved by multiplexing known symbols, so
called, pilot symbols into the data sequence, and this technique is called Pilot Symbol
Assisted Modulation (PSAM) [9]. This method relies upon the insertion of known
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phasors into the stream of useful information symbols for the purpose of channel
sounding. These pilot symbols allow the receiver to extract channel attenuations
and phase rotation estimates for each received symbol, facilitating the compensa-
tion of fading envelope and phase. Closed form formula for the BER of PSAM were
provided by Cavers [11] for binary phase shift keying (BPSK) and quadrature phase
shift keying (QPSK), while for 16-QAM he derived a tight upper bound of the BER.
A fading channel requires constant tracking, so pilot information has to be trans-
mitted more or less continuously. Decision directed channel estimation [76] can also
be used, but even in these type of schemes pilot information has to be transmitted
regularly to mitigate error propagation. Pilot symbols are transmitted at certain
locations of the OFDM frequency time lattice, instead of data, and in [48], it was
addressed how you choose those locations. An example of this is shown in Figure 4.1,
which shows both scattered and continual pilot symbols. In general fading chan-
nel can be viewed as a 2-D signal (time and frequency), which is sampled at pilot
positions and channel attenuations between pilots are estimated by interpolations.
However, as in single carrier case [45], the pilot patterns should be designed so that
the channel is oversampled at the receiver.
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Figure 4.1: An Example of Pilot Information Transmission both as Scattered and
Continual on certain subcarriers
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4.2 Pilot Arrangements Used in Literature
In our knowledge, there is little published work on how to transmit pilot symbols
in wireless OFDM systems, except [48], in which a comparison was shown, between
some common arrangements of pilots. Use of pilot symbols for channel estimation
introduces overhead and it is desirable to keep the number of pilot symbols as
minimum as possible. The problem is to decide where and how often to insert
pilot symbols. The spacing between pilot symbols is small enough to make channel
estimates reliable and large enough not to increase overhead too much. The number
of pilot tones necessary to sample the transfer function can be determined on the
basis of sampling theorem as follows [54]: The frequency domain channel’s transfer
function H(f) is the fourier transform of the impulse response h(t). Each of the
impulses in the impulse response will result a complex exponential function e
−j2piτ
Ts
in the frequency domain, depending on its time delay τ , where Ts is the symbol time.
In order to sample this contribution to H(f) according to the sampling theorem,
the maximum pilot spacing ∆p in the OFDM symbol is:
∆p ≤ N
2τ/Ts
∆f. (4.1)
where ∆f is the subcarrier bandwidth.
Using a dense pilot patterns means that the channel is oversampled, implying
that low-rank estimation methods can work well [44]. This type of low complexity
estimation projects the observations into a subspace of smaller dimension and per-
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form the estimation in that subspace. By oversampling the channel, that is placing
the pilot symbols close to each other, the observations essentially lie in a subspace
and low rank estimation is very effective [77].
The channel estimation can be performed by either inserting pilot tones into all
of the subcarriers of OFDM symbols with a specific period or inserting pilot tones
into each OFDM symbol [43]. The first one, block type pilot channel estimation,
has been developed under the assumption of slow fading channel. This type of pilot
arrangements works well when the channel transfer function is not changing very
rapidly. The later one, comb type pilot arrangement, can be used easily for tracking
fast channels. In comb arrangements, every OFDM symbol have some pilot tones,
therefore these type of patterns works well in highly varying environments, as will be
demonstrated in simulations in subsequent Chapters. Block and comb arrangements
are shown in Figure 4.2 and 4.3 respectively.
4.3 Pilot Signal Estimation
Channel can be estimated at pilot frequencies by two ways:
1. (LS) Estimation
2. (LMMSE) Estimation
For block type arrangements, channel at pilot tones can be estimated by using LS
or LMMSE estimation, and assumes that channel remains the same for the entire
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Figure 4.3: Comb Pilot Patterns
block. So in block type estimation, we first estimate the channel, and than use the
same estimates within the entire block. LMMSE estimation has been shown to yield
10-12dB gain in signal to noise ratio (SNR) over LS estimation for the same mean
square error of channel estimation [77]. In [44], a low rank approximation is applied
to linear MMSE by using the frequency correlations of the channel to eliminate the
major drawback of MMSE, namely complexity.
Comb type pilot tone estimation, has been introduced to satisfy the need for
equalizing when the channel changes even in one OFDM block. The comb-type pilot
channel estimation consists of algorithms to estimate the channel at pilot frequencies
and to interpolate the channel, as will be discussed next. The estimation of channel
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at pilot frequencies for comb type based channel estimation can be based on LS,
LMMSE or Least-Mean-Square (LMS) [43]. MMSE has been shown to perform
much better than LS. In [49], the complexity of MMSE is reduced by deriving an
optimal low rank estimator with singular value decomposition (in actual its basically
eigen value decomposition).
4.3.1 Least Square Estimation
The idea behind least squares is to fit a model to measurements in such a way that
weighted errors between the measurements and the model are minimized [77]. The
LS estimate of the attenuations h, given the received data Y and the transmitted
symbols X is [6]:
hˆ`s = X
−1Y = [
y0
x0
y1
x1
...
yN−1
xN−1
]T (4.2)
For comb type pilot subcarrier arrangement, the Np pilot signals Xp(m), m =
0, 1, ..., Np−1 are uniformly inserted into X(k). That is, the total N subcarriers are
divided into Np groups, each with GI = N/Np adjacent subcarriers. In each group,
the first subcarrier is used to transmit pilot signal. The OFDM signal modulated
on the kth subcarrier can be expressed as
X(k) = X(mGI + `) (4.3)
=

xp(m), ` = 0
infinite data, ` = 1, ..., N − 1
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The pilot signal Xp(m) can be either complex values c to reduce the computational
complexity, or random generated data that can also be used for synchronization.
Let
Hp = [Hp(0) Hp(1) ... Hp(Np − 1)]T (4.4)
= [H(0) H(GI − 1) ... H((Np − 1).GI − 1)]T (4.5)
be the channel response of pilot subcarriers, and
Yp = [Yp(0) Yp(1) ... Yp(Np − 1)]T (4.6)
be the vector of received pilot signals. The received pilot signal vector Yp can be
expressed as
Yp = Xp.Hp + Ip +Wp (4.7)
where
Xp =

Xp(0) 0
0 Xp(Np − 1)
 (4.8)
Ip is a vector of ICI and Wp is the vector of Gaussian noise in pilot subcarriers.
In conventional comb type pilot estimation, the estimate of pilot signals based
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on least square (LS) criterion, is given by [53],
Hp,`s = [Hp,`s(0) Hp,`s(1) ... Hp,`s(Np − 1)]T (4.9)
= X−1p Yp (4.10)
= [
Yp(0)
Xp(0)
Yp(1)
Xp(1)
...
Yp(Np − 1)
Xp(Np − 1)]
T (4.11)
The LS estimate of Hp is susceptible to Gaussian noise and inter-carrier interference
(ICI). Because the channel responses of data subcarriers are obtained by interpo-
lating the channel responses of pilot subcarriers, the performance of OFDM system
based on comb type pilot arrangement is highly dependent on the rigorousness of
estimate of pilot signals. Thus a estimate better than LS estimate is required.
4.3.2 Linear Minimum Mean Square Error Estimation
The linear minimum mean square error (LMMSE) estimate has been shown to be
better than the LS estimate for channel estimation in OFDM systems based on block
type pilot arrangement [53]. Regarding the mean square error estimation shown
in [53], the LMMSE estimate has about 10-15dB gain in SNR over LS estimate for
the same MSE values. The major drawback of the LMMSE estimate is its high
complexity, which grows exponentially with observation samples [49]. In [44], a low
rank approximation is applied to a linear minimum mean squared error estimator
(LMMSE estimator) that uses the frequency correlations of the channel.
Assume that all the available LS estimates are arranged in a vector pˆ and the
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channel values that have to be estimated from pˆ are in a vector h. The channel
estimation problem is now to find the channel estimates hˆ as a linear combination
of pilot LS estimates pˆ. According to [77], the minimum mean square error estimate
for this problem is given by
hˆ`mmse = Rhpˆ(Rpˆpˆ)
−1pˆ (4.12)
Rhpˆ is the cross-covariance matrix between h and the noisy pilot estimates pˆ, given
by
Rhpˆ = E{hpˆH} (4.13)
Rpˆpˆ is the auto-covariance matrix of the pilot estimates, and is given by [28]:
Rpˆpˆ = E{pˆpˆH} (4.14)
= Rpp + σ
2
n(pp
H)−1 (4.15)
where σ2n is the variance of additive channel noise. The superscript (.)
H denotes
Hermitian transpose. Now for the case of block-type pilot channel estimation, Equa-
tion (4.12) can be modified as:
hˆ`mmse = Rhh(Rhh + σ
2
n(pp
H)−1)−1pˆ (4.16)
In the following, we assume, without loss of generality, that the variances of the
channel attenuations in h are normalized to unity, i.e. E{|hk|2} = 1.
The LMMSE estimator defined in Equation (4.16) is of considerable complex-
ity, since a matrix inversion is needed every time the training data in p changes.
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The complexity of this estimator can be reduced by averaging over the transmitted
data [8], i.e., we replace the term (ppH)−1 in Equation (4.16) with its expectation
E{(ppH)−1}. Assuming the same signal constellation on all tones and equal prob-
ability on all constellation points, we have E{(ppH)−1} = E{| 1
pk
|2}I, where I is
the identity matrix. Defining the average signal-to-noise ratio as
SNR = E{|pk|2}/σ2n
we obtain a simplified estimator [44],
hˆ`mmse = Rhh(Rhh +
β
SNR
I)−1pˆ (4.17)
where
β = E{|pk|2}E{|1/pk|2} (4.18)
is a constant depending on the signal constellation. In the case of 16-QAM trans-
mission, β = 17
9
. Because p is no longer a factor in the matrix calculation, the
inversion of Rhh +
β
SNR
I does not need to be calculated each time the transmitted
data in p changes. Furthermore, if Rhh and SNR are known beforehand or are set
to fixed nominal values, the matrix Rhh(Rhh +
β
SNR
I)−1 needs to be calculated at
once. Under these conditions, the estimation requires N multiplications per tone.
Estimator can be further simplified by using low rank approximations as discussed
in [44].
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4.4 Channel Interpolation
After the estimation of the channel transfer function of pilot tones, the channel trans-
pose of data tones can be interpolated according to adjacent pilot tones. The linear
interpolation has been studied in [78], and is shown to be better than piecewise-
constant interpolation. Here in this thesis, we consider the following interpolation
schemes:
1. Linear Interpolation
2. Spline Interpolation
3. Cubic Interpolation
4. Low Pass Interpolation
In [43], cubic and spline interpolations has been shown to perform better than the
linear interpolation, which is also consistent with our simulation results as discussed
in the next Chapter. In this thesis, we propose a new pilot insertion scheme, and
then compare proposed pattern with the above mentioned schemes.
4.4.1 Linear Interpolation
In the linear interpolation algorithm, two successive pilot subcarriers are used to
determine the channel response for data subcarriers that are located in between the
pilots [78]. For data subcarrier k, mGI ≤ k ≤ (m + 1)GI, the estimated channel
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response using linear interpolation method is given by:
Hˆ(k) = Hˆ(mGI + `) (4.19)
= (1− `
GI
)Hˆ(m) +
`
GI
Hˆp(m+ 1) (4.20)
The linear channel interpolation can be implemented by using digital filtering such
as Farrow-structure [79]. Furthermore, by carefully inspecting Equation (4.19), we
find that if GI is chosen as a power of 2, the multiplications operations involved in
Equation (4.12) can be replaced by shift operations, and therefore no multiplication
operation is needed in the linear channel interpolation.
4.4.2 Spline and Cubic Interpolation
Spline and Cubic interpolations are done by using ”interp1” function of matlab.
Spline and Cubic interpolations produce a smooth and continuous polynomial fitted
to given data points. Spline interpolations works better than linear interpolation
for comb pilot arrangement [43].
4.4.3 Low Pass Interpolation
The low pass interpolation is performed by inserting zeros into the original sequence
and then applying a lowpass FIR filter that allows the original data to pass through
unchanged and interpolates between such that the mean-square error between the
interpolated points and the ideal values is minimized.
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Chapter 5
Simulation Result and Discussions
of Basic OFDM System
An OFDM system is modeled using Matlab to allow various parameters of the
system to be varied and tested. The aim of doing the simulations is to measure the
performance of OFDM system under different channel conditions, and to allow for
different OFDM configurations to be tested. Two main criteria are used to assess
the performance of the OFDM system, which are its tolerance to multipath delay
spread and channel noise.
5.1 OFDM Model Used in Simulations
An OFDM system model used is shown in Figure 5.1.
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The input signal which we used is the random data generated by randn() function
of the matlab, and limit the data to its maximum value e.g. 16 (for 16QAM).
However, we can extract data from some other sources e.g. from an audio file.
5.1.1 Serial to Parallel Conversion
The input serial data stream is formatted into the word size required for trans-
mission, e.g. 2bit/word for QPSK, and shifted into a parallel format. The data
is then transmitted in parallel by assigning each data word to one carrier in the
transmission.
5.1.2 Modulation of Data
The data to be transmitted on each carrier is modulated into a QAM format. The
data on each symbol is mapped and a QAM signal is generated. Here we used 16
QAM modulation.
5.1.3 Inverse Fourier Transform
After the required spectrum is worked out, an inverse fourier transform is used to
find the corresponding time waveform. The guard period is then added to the start
of each symbol.
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5.1.4 Channel Model Used
A Channel model is then applied to the transmitted signal. The model allows
for the signal to noise ratio and multipath to be controlled. The signal to noise
ratio is set by adding a known amount of white noise to the transmitted signal.
16QAM modulation scheme is used for a 64-subcarrier OFDM system with a two
ray multipath channel. The power of the second path is 6dB lower than the first
one.
5.1.5 Receiver
The receiver basically does the reverse operation to the transmitter. The guard
period is removed. The FFT of each symbol is then taken to find the original
transmitted spectrum. Each transmission carrier is then evaluated and converted
back to the data word by demodulating the received symbol. The data words are
then combined back to the same word size as the original data.
5.2 Calculation of OFDM Parameters
For a given bit rate R and the delay spread of a multipath channel τ , the parameters
of an OFDM system can be determined as follows [28] :
• As a rule of thumb, the guard time GI should be at least twice the delay
89
spread, i.e.
GI ≥ 2τ
• To minimize the signal-to-noise ratio (SNR) loss due to the guard time, the
symbol duration should be much larger than the guard time. However, sym-
bols with long duration are susceptible to Doppler spread, phase noise, and
frequency offset. As a rule of thumb, the OFDM symbol duration Ts should
be at least five times the guard time, i.e.
Ts ≥ 5GI
• The frequency spacing between two adjacent subcarriers 4f is
4f = 1
Ts
• For a given data rate R, the number of information bits per OFDM symbol
Binfo is
Binfo = RTs
• For a given Binfo and the number of bits per symbol per subcarrier Rsub, the
number of subcarriers N is
N =
Binfo
Rsub
• The OFDM signal bandwidth is defined as
BW = N4f
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Two observations are made from the above calculations:
1. Increasing the symbol duration decreases the frequency spacing between sub-
carriers. Thus, for a given signal bandwidth, more subcarriers can be accom-
modated. On the other hand, for a given number of subcarriers, increasing
the symbol duration decreases the signal bandwidth.
2. Increasing the number of subcarriers increases the number of samples per
OFDM symbol. However, it does not necessary imply that the symbol duration
increases. If the OFDM symbol duration remains the same, the duration
between two samples decreases as a result. This implies an increase in the
OFDM signal bandwidth. On the other hand, if the OFDM signal bandwidth
is fixed, then increasing the number of subcarriers decreases the frequency
spacing between two subcarriers, which in turn increases the symbol duration.
The duration between two samples remain the same in this case.
5.3 Gaussian Noise Tolerance of OFDM
It was found that the SNR performance of OFDM in AWGN channel is similar to
a standard single carrier digital transmission [60]. This is to be expected as the
transmitted signal is similar to a standard frequency division multiplexing (FDM)
system. Figure 5.2 shows the results from the simulations.
Performance of OFDM in AWGN channel with different values of M is shown
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Figure 5.2: BER versus Channel SNR for OFDM in AWGN Channel
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in Figure 5.3. The results shows that using QAM transmission can tolerate a SNR
of greater than 5dB. The bit error rate gets rapidly worse as the SNR drops below
5dB. However, using 4QAM allows the BER to be improved in a noisy channel, at
the expense of transmission data capacity. Using 4QAM the OFDM transmission
can tolerate a SNR of 3-4dB. In a low noise link the capacity can be increased by
using 16PSK.
5.4 Multipath Delay Spread Immunity
This section provides the performance evaluation of OFDM systems in the static
multipath environment. 16QAM modulation scheme is used for a 64-subcarrier
OFDM system with a two ray multipath channel, as mentioned earlier. The power
of the second path is 6dB lower than the first one. No noise is present at the receiver
in order to have a clear idea of the influence of ISI and ICI on the system performance
with respect to these two parameters.
Figure 5.4 shows the 16QAM signal constellation diagram for input transmit-
ted symbols. Figure 5.5 shows the 16QAM signal constellation diagram for delay
spread less than guard time and no channel estimation is implemented at the re-
ceiver. It shows that the received signal points have a circular pattern around the
transmitted signal points. Self-interference moves some of the signal points over the
decision boundaries and results in significant degradation in bit error rate (BER)
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Figure 5.4: Transmitted Signal Constellation
performance. Therefore, channel estimator must be implemented at the FFT output
to correct the amplitude and phase distortion caused by multipath distortion [64].
From Figure 5.6, it is clear that without channel estimator error rate at receiver is
very high.
The circular pattern on the signal constellation diagram can also be observed
by performing circular convolution of a multipath channel and an OFDM symbol
without cyclic extension. As pointed out in [63] and [80], the cyclic extension makes
the linear convolution of the channel looks like circular convolution inherent to the
discrete Fourier domain, as long as the guard time duration is longer than the delay
spread of the multipath channel.
Figure 5.7 shows the 16QAM signal constellation diagrams for the case of a 64-
subcarrier OFDM system with a channel estimator at the receiver. Figure 5.7 shows
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Figure 5.5: A 16QAM signal constellation diagram for a 64-subcarrier OFDM system
without one tap equalizer at the receiver. The channel consists of two multipath,
with the second one 6dB lower than the first one and the delay spread is less than
guard time.
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the 16QAM signal constellation for the case of delay spread less than the guard time
duration. No distortion is observed since the delay spread is shorter than the guard
time and the frequency-selective fading is compensated by the channel estimator.
Figures 5.8 and 5.9 show the constellation diagram for the case of delay spread
greater than the guard time by 3.125% and 9.375% of the FFT interval, respectively.
The distortion caused by ISI gets bigger as the delay spread exceeds the duration of
the guard time more, resulting in higher BER.
From the constellation diagrams it is evident that if delay spread of the channel is
greater than the guard interval, than error rate is quite high. Figure 5.10 shows the
BER versus the maximum delay spread for an OFDM system with 64 subcarriers,
and using the same channel, which have two paths, and power of the second path is
6dB lower than the first.
Simulation result shows that for the case of maximum delay spread less than
guard time, no error is produced at the receiver. Once the delay spread exceeds
the guard time, ISI is introduced. BER increases rapidly at the beginning and then
gradually approaches an error floor as the effect of guard time to the delay spread
on the performance becomes insignificant.
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Figure 5.7: A 16QAM signal constellation diagram for a 64-subcarrier OFDM system
without one tap equalizer at the receiver. The channel consists of two multipath,
with the second one 6dB lower than the first one and the delay spread is less than
guard time.
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without one tap equalizer at the receiver. The channel consists of two multipath,
with the second one 6dB lower than the first one and the delay spread is greater
than guard time by 3.125% of the FFT interval.
100
−5 −4 −3 −2 −1 0 1 2 3 4 5
−5
−4
−3
−2
−1
0
1
2
3
4
5
 Received Signal Constellations in Multipath Static Channel
With Channel Estimaer At Receiver
Figure 5.9: A 16QAM signal constellation diagram for a 64-subcarrier OFDM system
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Figure 5.11 shows the BER versus OFDM systems with different number of
subcarriers N . Three multipath channels with delay spread of 4, 8 and 12 samples
are studied. No guard time is inserted to OFDM symbols. Simulation result shows
that in all cases, BER decreases as the number of subcarriers increases. For the
same signal bandwidth, increasing the number of subcarriers increases the symbol
duration. The ratio of the number of distorted samples to the total number of
samples per OFDM symbol decreases as the symbol duration increases and thus the
BER is decreased.
5.5 Summary
In this chapter, we described basic concepts of OFDM system by presenting sim-
ulation results, including ISI, ICI, guard time and equalizers in multipath static
environment. We studied the gaussian noise tolerance of OFDM. We also studied
the effect of number of subcarriers and the guard time duration on the performance
of OFDM systems. Furthermore, we explained the relationships between various
OFDM parameters.
102
5 6 7 8 9 10 11 12
10-4
10-3
10-2
10-1
Maximum Delay Spread of Channel
BE
R
GI = 4
GI = 6
GI = 8
RELATIONSHIP BETWEEN DELAY SPREAD AND GUARD INTERVAL 
Figure 5.10: BER versus delay spread for a 64-subcarrier OFDM system with dif-
ferent guard time
103
6.5 7 7.5 8 8.5 9 9.5 10
10-4
10-3
10-2
10-1
100
log2(N)
BE
R
Delay = 4
Delay = 12
 
Delay = 8
Figure 5.11: BER versus number of subcarriers with delay spread exceeds guard
time
Chapter 6
Arrangement of Pilot Tones in
Wireless OFDM Systems
Pilot Symbol Assisted Modulation (PSAM) is used to achieve reliable channel es-
timates by multiplexing pilot symbols, along with data symbols [9]. The receiver
estimates channel attenuations and phase rotations at these pilot locations, and
compensates for the effect of channel at data locations. A fading channel, described
in previous chapter, requires constant tracking, so pilot information has to be sent
more or less continuously. Decision directed channel estimation [76], can be used,
but even in these schemes, pilots have to be transmitted regularly in order to mit-
igate error propagation. Pilot symbols are transmitted at certain locations of the
OFDM time-frequency grid, and the question is how do we choose these locations.
In this chapter, we analyze different pilot patterns in terms of resulting bit error
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rate, and propose a new scheme of transmitting pilot symbols in wireless OFDM
system. Rearrangement of the pilot pattern enables a reduction in the number of
needed pilot symbols which in turns reduces the transmission overhead still retaining
the same performance. The question is where and how often to transmit pilot
symbols, so that the spacing between the pilot symbols shall be small enough to
enable reliable channel estimates but large enough not to increase the overhead too
much.
6.1 System Description
6.1.1 OFDM System Model
The basic baseband-equivalent OFDM system is shown in Figure 6.1. Each OFDM
symbol consists of a packet of N data points, that are carried on N frequency tones
respectively. IFFT block is used at the transmitter to transform the data sequence
X(k) of length N into time domain signal {x(n)} with the following equation:
x(n) = IDFT{X(k)} n = 0, 1, 2, ..., N − 1 (6.1)
=
N−1∑
k=0
X(k)ej
2pikn
N
Where N is the FFT length. Following IFFT block, cyclic prefix, which is chosen
to be greater than the expected delay spread of the channel, is inserted to prevent
ISI [60]. This cyclic prefix includes the cyclically extended part of OFDM symbol
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in order to eliminate intercarrier interference (ICI) [24]. As pointed out in [63],
the cyclic extension makes the linear convolution of the channel looks like circular
convolution inherent to the discrete Fourier domain, as long as guard time duration
is longer than the delay spread of the multipath channel, as discussed in Chapter 2.
The resultant OFDM symbol is given as follows:
xf (n) =

x(N + n), n = −GI,−GI + 1, ...,−1
x(n), n = 0, 1, ..., N − 1
(6.2)
where GI is the length of the guard interval. The transmitted signal xf (n) pass
through the frequency selective time varying fading channel with additive white
gaussian noise. The received signal is given by:
yf (n) = xf (n)⊗ h(n) + w(n) (6.3)
where w(n) is Additive White Gaussian Noise (AWGN) and h(n) is the channel
impulse response. Channel is assumed to be slowly fading, so it is considered to be
constant during one OFDM symbol. Under these conditions we can describe our
system as a set of parallel Gaussian channels, shown in Figure 6.2, with correlated
attenuations h(n), already discussed in Chapter 2. At the receiver, cyclic prefix is
removed:
y(n) =

yf (n), for −GI ≤ n ≤ N − 1
yf (n+GI) n = 0, 1, ..., N − 1
(6.4)
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Figure 6.2: OFDM System, described as a set of parallel Gaussian channels with
correlated attenuations
Then y(n) is sent to FFT block for the following operation:
Y (k) = DFT{y(n)} (6.5)
=
1
N
N−1∑
n=0
y(n)e−j(
2pikn
N
)
Assuming there is no ISI,in [81] it was shown that the relation of the resulting Y (k)
to H(k), I(k) that is ICI because of Doppler frequency andW (k), with the following
relation [49]:
Y (k) = X(k)H(k) + I(k) +W (k) k = 0, 1, 2, ..., N − 1 (6.6)
Following FFT block pilot signals are extracted and the estimated channel He(k) at
pilot sub-channels is obtained. Then the transmitted data is estimated by:
Xe(k) =
Y (k)
He(k)
k = 0, 1, 2, ..., N − 1 (6.7)
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6.1.2 Channel Model Used in Simulations
We are using a fading multipath channel model [8], consisting of M paths
g(τ) =
M−1∑
k=0
αkδ(t− τkTs), (6.8)
where αk are Rayleigh distributed channel taps whose fading is based on Jake’s
model [68] as described in the previous Chapter, with an exponential power delay
profile θ(τk), defined as
θ(τk) = Ce
− τ
τrms (6.9)
where τrms is the RMS-value of power delay profile. In this paper, we have used
M = 2 paths, in which the first fading path always has a zero-delay, τo = 0, and
other fading path has delay that is always less than the length of guard interval GI.
6.1.3 Scenario
The channel estimation is based on pilots transmitted at certain positions in the
time frequency grid of the OFDM system. The channel attenuations are estimated
by means of interpolation between these pilots, where we assume that the channel
estimator can use all transmitted pilots. This is the case in, e.g. broadcasting or
in the downlink of a multiuser system. Channel attenuations in neighboring time-
frequency grid points are highly correlated, a feature that can be used to channel
estimation.
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Our scenario consists of a wireless 16-QAM OFDM system, designed for an
outdoor environment, that is capable of carrying digital video. The system operates
at 500 kHz bandwidth and is divided into 64 tones with a total symbol period of
136 µs, of which 8 µs is the cyclic prefix. Our OFDM symbol thus consists of 68
samples (N + GI = 68), four of which are contained in the cyclic prefix (GI = 4).
The uncoded data rate of the system is 1.9MBit/sec. We assume that τrms = 1
sample for the channel considered.
6.1.4 Problem Formulation
The transmitter uses certain tones, so called pilot tones, in some particular symbols
to transmit known data. The channel impulse response can be estimated using LS
or LMMSE criterion, given knowledge of transmitted and received signals. The
questions that arise are:
1. How many pilot tones are needed per symbol for estimation?
2. What pattern of pilot tones are better than others? Which tones should be
used as pilot tones, and what is the impact of pilot tone selection on the quality
of estimate ?
3. How does a scheme that uses some tones as pilot tones in each symbol (comb)
can compare with a scheme that uses all tones as pilot tones (block) in some
symbols? And how block and comb arrangements can be compared with the
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proposed arrangement of pilots?
6.2 Number of Pilot Tones
One of the important question is about number of pilot tones per symbol needed for
channel estimation.
Theorem 6.2.1 In the absence of noise, any GI of the N available tones can be
used for training to recover the channel h exactly.
Proof: Let {k1, k2, ..., kGI} be the set of GI tones used for transmitting training
data. The channel gains of these tones can be found exactly as Hki = Rki . Collect
these gains in a vector Hp = (k1, k2, ..., kGI)
T . Then we can write
Hp =
1√
N

1 W k1N ... W
k1(GI−1)
N
1 W k2N ... W
k2(GI−1
N )
... ... ... ...
1 W kGIN ... W
kGI(GI−1)
N

h (6.10)
where
W kN = e
−j2pik/N
Since the matrix is a Vandermonde matrix with all parameters GI distinct, therefore
it is non-singular [82], and hence h can be found exactly by inverting it. Also, with
less than GI pilot tones, we have an under-determined system of linear equations,
which results in a non-unique solution h.
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6.3 Proposed Pattern of Pilot Tones
AS we already described in Chapter 3, channel estimation can be performed by
either inserting pilot symbols into all subcarriers of OFDM symbols with a specific
period (block arrangement) or inserting pilot tones into each OFDM symbol (comb
arrangement) [43]. Block pilot patterns are effective in slow varying channels, and
underlying assumption is, channel transfer function changes very slowly. However,
comb type arrangement works well in fast varying channels, therefore, comb patterns
can be used easily for tracking fast channels. In comb patterns, every OFDM symbol
have some known data, i.e., pilots, in contrast to block patterns, where some specific
OFDM symbols have pilots.
To minimize the bit error rate, it is desirable to spread the pilot symbols in
both time and frequency, in contrast to block and comb, in which pilot symbols are
transmitted in frequency and time, respectively, but not too far apart in case of fast
fading. Here, we propose that instead of sending all pilots in one OFDM symbol
or sending pilots in all OFDM symbols, better way is to spread the pilots in time
and frequency, as shown in Figure 6.3. Simulation result shows that it works well
especially in slow varying channels.
6.4 Simulation Results and Discussions
For all simulations, we assume that:
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1. Cyclic Extension of OFDM symbols are used as guard interval.
2. The channel impulse response is shorter than the cyclic prefix to avoid ISI.
3. Transmitter and Receiver are perfectly time synchronized.
4. Channel is assumed to remain unchanged during one OFDM symbol, to avoid
ICI.
All simulation parameters are shown in table 6.1.
Parameter Specifications
Number of Subcarriers 64
IFFT and FFT Size 64
Length of Guard Interval 4 samples
Guard Type Cyclic Extension
Modulation Type 16-QAM
Bandwidth 500 kHz
Pilot Ratio 1/8
Channel Taps 2
Channel Taps PDF Exponential
Channel Model Rayleigh fading
Table 6.1: Simulation Parameters
As mentioned earlier, we assume perfect synchronization since the aim is to ob-
server channel estimation performance. Similarly, we consider pilot ratio of 1
8
, which
is quite sufficient, and here our basic purpose is to compare different arrangements.
For comparison purposes, same number of pilots are use in all schemes. Simulations
are carried out for different signal to noise ratios and for different Doppler frequen-
cies. For block-type pilot channel estimation, we assume that each block consists
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of a fixed number of OFDM symbols, which is 8 in our case. Pilots are sent at all
subcarriers of the first symbol of each block and channel estimation is performed by
using LS and LMMSE estimation. Channel estimated at the beginning of the block
is used for all of the following symbols of the block. LMMSE estimation performs
better than LS estimation, and according to [77], it gives improvement of 10 − 15
dB in SNR. Simulation results are shown in Figure 6.4.
It is clear from Figure 6.4, for nominal value of BER for block-type pilot signal
estimation, LMMSE estimation promises improvement of around 10 − 12 dB over
LS estimation.
In comb-type pilot signal estimation, channel is estimated at pilot frequencies by
using LS estimation. After having estimates of channel at pilot frequencies, channel
attenuations and phases at data locations can be obtained by using channel inter-
polation techniques, already discussed in Chapter 4. Channel is estimated at data
symbols, by means of an interpolation filter, that uses the following interpolation
techniques:
1. Linear Interpolation
2. Spline Interpolation
3. Cubic Interpolation
4. Low Pass Interpolation
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Details of these interpolation methods are already presented in previous chap-
ters. In proposed pilot pattern, we need two dimensional interpolation filter, because
here pilots are spreaded in both directions i.e. time and frequency. Two dimensional
interpolation filters are complex in structure, so standard technique used in multidi-
mensional signal processing is to first interpolate in one direction, than interpolate
in the other direction [77]. Concept of two dimensional interpolation is shown in
Figure 6.5.
Figure 6.6 gives the BER performance of channel estimation algorithms for 2-
ray Rayleigh fading channel described in Chapter 5, Doppler frequency 10 Hz, and
OFDM parameters given in Table 6.1. From Figure 6.6, it is clear that among all
possible pilot arrangements, proposed arrangement is best, in terms of BER, for
slow varying channel. Simulation result shows that block-type estimation is around
10 dB higher than that of the comb estimation type. However, if we compare block-
type estimation for different values of Doppler, from Figures 6.6, 6.7 and 6.8, it
is clear that block estimation has good performance if channel is changing very
slowly. This is an expected result, because at higher Doppler frequencies, channel
transfer function changes so fast that there are even changes for adjacent OFDM
symbols. So by observing simulation results, it can be easily verified, that block-type
pilot arrangement performs well if channel is changing very slowly. In highly varying
environments, channel is changing continuously, and block-type pilot patterns suffers
higher values of BER.
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Comb-type channel estimation with low pass interpolation achieves the best per-
formance among all estimation algorithms for comb arrangements. The performance
among comb-type channel estimation techniques usually ranges from best to worst
as follows:
1. Low pass interpolation
2. Cubic Interpolation
3. Spline Interpolation
4. Linear Interpolation
These result are expected since the low pass interpolation used in simulations does
the interpolation such that the mean square error between the interpolated values
and there ideal values is minimized. From Figures 6.6, 6.7 and 6.8 it is clear that
comb arrangement can track variations of fast varying channels. It is also consistent
with the logical reasoning, because in comb arrangement pilots are transmitted in
every OFDM symbol, and hence it allows tracking of fast fading channels.
119
Time (OFDM Symbols)
Fr
e
qu
e
n
cy
 
(S
u
b 
Ca
rr
ie
rs
)
1 1
2
2
2
2
.
.
.
.
Figure 6.5: Interpolation in 2 dimensional OFDM grid
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Another important observation from the simulation results is, that comb-type
pilot estimation is less effected by Doppler frequency. BER should increase with
increase in Doppler frequency, and BER increases but increment is very small as
shown in Figure 6.9. For comb-type pilot estimation, increase in BER with Doppler
frequency is very small because length of guard interval is small as compared to the
number of subcarriers.
At lower values of Doppler frequencies, performance of the proposed scheme is
better than any other pilot transmitting scheme, as shown in Figure 6.6. So it is
recommended that in slow varying environments, it is much better to spread pilots
symbols in time and frequency, instead of sending them along time or frequency
separately. In slow varying channels, the proposed scheme works well for all values
of SNR as shown in Figure 6.6. However, with the increase of Doppler frequency,
proposed scheme works well only at higher values of SNR, as shown in Figure 6.7.
For lower values of SNR, performance of lowpass-comb arrangement is better than
equidistance arrangement. For highly varying channels, e.g. at Doppler frequency
of 240 Hz, the performance of lowpass comb is better for all values of SNR, as shown
in Figure 6.8.
From the above discussion, it is clear that proposed arrangement of pilot symbols
is an excellent choice for lower values of Doppler frequencies. From Figure 6.9, the
proposed pilot pattern is an optimum pilot transmission scheme in terms of BER,
for Doppler frequencies less than 80 Hz. For typical carrier frequencies, in which
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OFDM systems operates, channel with 80 Hz Doppler frequency is not that for a
pedestrian channel. Figure 6.9 shows performance of channel estimation methods
for 16-QAM modulation for different Doppler frequencies. The general behaviour
of plots is that BER increases as the Doppler spread increases. The reason is the
existence of ICI caused by Doppler shifts [6].
6.5 Adaptive Channel Estimation: Another Scheme
It is well known that Wiener filter provides an optimum solution for the filter weights
in the mean square sense. A recursive approach to obtain the Wiener solution is
the classical optimization method. This approach requires the use of a gradient
vector which can be estimated in a deterministic or stochastic manner. The former
is known as the method of steepest descent and the latter is known as stochastic
gradient algorithm. The most common algorithm in the family of stochastic gradient
algorithms is the least mean square (LMS) algorithm which is the subject of this
section.
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Figure 6.6: Comparison of channel estimation algorithms, for different pilot arrange-
ments (Doppler freq. 10 Hz)
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Figure 6.7: Comparison of channel estimation algorithms, for different pilot arrange-
ments (Doppler freq. 70 Hz)
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Figure 6.8: Comparison of channel estimation algorithms, for different pilot arrange-
ments (Doppler freq. 240 Hz)
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6.5.1 System Arrangement for Adaptive Channel Estima-
tion
A block diagram of adaptive channel estimation in OFDM systems is shown in
Figure 6.10. In the figure, we have unknown multipath fading channel, that has to
be estimated with an adaptive filter whose weights or coefficients are updated based
on some criterion so that coefficients of adaptive filter should be as close as possible
to the unknown channel. The input to two systems, u(n), are samples of known
OFDM symbols (known to receiver). The output from the channel can be written
as,
d(n) =
L∑
i=1
hi(n)u(n− iTs) + v(n) (6.11)
where v(n) is the sampled AWGN. Introducing vector notation, the received signal
can be written as
d(n) = hH(n)u(n) + v(n) (6.12)
where
h(n) = [h1(n), h2(n), ...hL(n), ]
T
where h(n) is the vector of channel coefficients at time n, and ()H stands for Her-
mitian transpose. The output of the adaptive filter is
y(n) = hˆH(n)u(n) (6.13)
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where hˆ(n) is the vector of channel coefficients at time n. The error signal needed
to update the weights of the adaptive filter is
e(n) = d(n)− y(n) (6.14)
= hH(n)u(n) + v(n)− hˆH(n)u(n) (6.15)
For gradient based channel estimation, a general recursive equation to update the
weights is
hˆ(n+ 1) = hˆ(n) + µ−∇J(n) (6.16)
where J(n) is a cost function and ∇J(n) is the gradient vector with respect to h∗.
The most commonly used cost function is the Mean Square Error (MSE)
J(n) = E[|e2(n)|] (6.17)
reducing (6.16) to
hˆ(n+ 1) = hˆ(n) + µE[e(n)u∗(n)] (6.18)
6.5.2 Channel Estimation by LMS Algorithm
The LMS algorithm established itself as the workhouse of adaptive signal processing
for two primary reasons [83]:
• Simplicity of Implementation and computational efficiency.
• Robust Performance
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Beside this, it has some shortcomings, e.g. it is sensitive to the eigenvalue spread of
the correlation matrix of the input signal. This problem does not cause any harm
in channel estimation because the input data is usually white. However, this is
not true in case of equalization where the input data to the adaptive filter is the
channel output that introduces some correlation in the input signal. Thus, from
the channel estimation prospective the eigenvalue spread of the input correlation
matrix is usually close to 1. In fact, this is an ideal condition for LMS algorithm
and justifies its suitability for this problem. Moreover, the speed of convergence of
the LMS algorithm depends upon the proper selection of step size.
The application of LMS algorithm to track a time-varying system results in an
error surface with time-varying minima. This the tracking algorithm has to track or
approach towards a time-varying Wiener solution. If the LMS algorithm is used to
track the channel then the weight update equation for the filter coefficients or taps
is
hˆ(n+ 1) = hˆ(n) + µu(n)e∗(n) (6.19)
where instantaneous estimates are used as an stochastic approximation for the gra-
dient vector of Equation (6.17).
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The Mean Square Error (MSE) is shown in Figure 6.11, in which we assume
channel is changing slowly, so after sending some training data, filter converges, and
then we can transmit OFDM symbols safely. If the channel is fast varying, than
we need to transmit training data periodically, depending on how fast channel is
changing.
6.6 Proposed Method for Compensation of Chan-
nel Phase
In an OFDM link, the subcarriers are perfectly orthogonal only if transmitter
and receiver uses exactly the same frequency. Any frequency offset immediately
results in ICI [28]. Before an OFDM receiver can demodulate the subcarriers, it
has to perform at least few tasks, one of them is to estimate and correct carrier
frequency offsets of the received signal.
There are also some timing offsets, which we are not discussing here, because we
already assumed that transmitter and receiver are perfectly time synchronized. For
single carrier systems, frequency offsets give only a degradation only in the received
signal to noise ratio (SNR), rather than introducing interference. This is the reason
that the sensitivity to frequency offsets are often mentioned as disadvantages of
OFDM relative to the single carrier systems.
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Figure 6.11: MSE for proposed adaptive channel estimation scheme
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There are different techniques proposed in literature, that how this degradation
can be kept to a minimum [28]. A most common technique to achieve frequency syn-
chronization is by using cyclic prefix or special OFDM training symbols, as proposed
by Fredrik in [84].
6.6.1 Sensitivity to frequency Offsets
In Chapter 2, we already explained that OFDM subcarriers are orthogonal if they
have a different integer number of cycles within the FFT interval. If there is a
frequency offset, than the number of cycles in the FFT interval is not an integer
anymore, with the result that ICI occurs after the FFT. The most prominent effect
of these frequency offsets is the increase in BER. The FFT output of each subcarrier
will contain interfering terms from all other subcarriers, with an interference power
that is inversely proportional to the frequency spacing [28].
We assumed that channel remains constant during one OFDM symbol, constant
phase of the channel produces a drift in the frequencies of all subcarriers, as shown
in Figure 6.12. This drift in frequencies causes ICI, and high error rates. In order
to demonstrate the effect of channel phase on overall performance of the system,
we simulate the system by assuming that channel produces only amplitude distor-
tions in OFDM samples. Simulations results are shown in Figure 6.13. From the
simulation results, it is very clear that in all pilot patterns, effect of channel phase
is very dominant. If, in some way, we estimate the phase of the channel and then
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Figure 6.12: Drift in Subcarriers Frequencies due to channel Phase
compensate it before taking FFT, than the overall error performance of the system
will be improved.
6.6.2 Proposed Algorithm
We assume channel is changing slowly, and estimate the phase of the channel by using
an adaptive filter. We identify the channel, as shown in Figure 6.14. Adaptive filter
adapts itself, by using an adaptive control algorithm [83] as the channel changes.
134
0 5 10 15 20 25 30
10-4
10-3
10-2
10-1
100
SNR (in dB)
BE
R
comb-linear
comb-spline
comb-cubic
block
___   without phase                        
-----   with phase                         
Figure 6.13: Effect of Channel Phase on BER performance
135
In this thesis, we are using LMS algorithm for adaptation, which is described in
Equation (6.20).
wˆ(n+ 1) = wˆ(n) + µu(n)e∗(n) (6.20)
where
wˆ(n+ 1) = Estimate of tap weight at time n+ 1
µ = step size coefficient
Simulation results shows that this method works well, if the channel is changing
slowly. MSE for the filter taps coefficients is shown in Figure 6.15. From Fig-
ure 6.15, it is clear that adaptive filter converges, but with sufficient mean square
error, this is a limitation of the proposed algorithm. Error rate is high, because we
are using a single tap adaptive filter, which is not sufficient to identify the channel
very accurately. So by designing the phase compensator in a more generalized way,
we can reduce the MSE significantly, and overall performance improves. Here, we
are just identifying the phase of channel, and in phase compensator, we compensate
the phase of channel, simply by multiplying e−jφ where φ is the phase of channel.
Performance improvement in BER, by applying proposed scheme of phase com-
pensation, is shown in Figure 6.16 and Figure 6.17. From the simulation results, it
is obvious that proposed scheme works well and give almost 5− 6 dB improvement
in SNR.
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Chapter 7
Future Work and Conclusion
7.1 Conclusions
Orthogonal Frequency Division Multiplexing (OFDM) has been recently applied
widely in wireless communication systems due to its high data rate transmission
capability with high bandwidth efficiency and its robustness to multipath delay.
In this thesis, we investigated the performance of OFDM systems in detail, and
via simulations we demonstrated effectiveness of Orthogonal Frequency Division
Multiplexing, over single carrier systems. One of the major advantages of OFDM
systems is its robustness against multipath delay spread of the channel. Hence, its
typical applications are in tough radio environments. From the simulation results
we discussed in Chapter 3, it is clear that if the length of guard interval is chosen
properly, then OFDM systems exhibits robustness against multipath propagation,
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eliminates ISI and hence can be used for transmission at higher data rates. OFDM is
also suitable for single frequency networks, since the signals from other transmitters
can also be viewed as echoes i.e. multipath propagation. This means that it is
favorable to use OFDM in broadcasting applications like Digital Audio Broadcasting
(DAB) and Digital Video Broadcasting (DVB).
As in any digital communication systems, there are two alternatives for modula-
tion: coherent or differential. The European DAM system uses differential QPSK,
while the proposed scheme for DVB is coherent QAM. Differential PSK is suitable
for low data rates and gives simple and inexpensive receivers, which is important
for portable consumer products like DAB receivers. However, in DVB the data rate
is quite high and low bit error rates are difficult to obtain with differential PSK. A
natural choice for DVB is multiamplitude schemes. Due to the structure in OFDM,
it is easy to design efficient channel estimators and equalizers. This is one of the
appealing properties of OFDM which should be exploited to achieve high spectral
efficiency. For coherent modulation, a dynamic estimation of channel is necessary
for the demodulation of OFDM signals. In wideband mobile channels, pilot based
signal correction schemes has been proven a feasible method for OFDM systems.
Channel estimation can be performed by many ways: either inserting pilot tones
into all of the subcarriers of OFDM symbols with a specific period or inserting pilot
tones into each OFDM symbol. In this thesis, we explored these two pilot arrange-
ments in detail for different doppler frequencies. Channel estimation based on block
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type pilot arrangement is presented, and it is shown that this type of arrangement
performs better when the channel is changing slowly. Channel estimation based on
comb type pilot arrangement was presented by giving channel estimation method
at pilot frequencies and interpolation of channel at data frequencies. It was shown
that block-type channel estimation gives 10 − 15dB higher than comb type chan-
nel estimation. This is expected because the structure of comb arrangement allows
tracking of channel better than block arrangement. Simulation results shows that
comb-type pilot based channel estimation with low-pass interpolation performs the
best among all other comb based channel estimation algorithms. This is again ex-
pected since the comb type channel estimation allows the tracking of fast fading
channels and low pass interpolation does the interpolation in such a way that mean
square error is minimized. We proposed a new scheme for the insertion of pilots, and
call it equidistance pilot arrangement. Simulation results shows that equidistance
arrangement works well for slow varying channel. However, for fast varying chan-
nels, performance of comb arrangement with low pass interpolation is much better
than equidistance arrangement. So depending on the cell site, we have different pilot
patterns and now the trick is how to choose a suitable pilot pattern, under different
conditions of channel.
We also proposed an adaptive scheme for channel estimation in OFDM systems,
which tracks the multipath fading channel by using LMS algorithm. In this scheme,
we identified the channel by using an adaptive filter and simulation results shows
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that after sending some training OFDM symbols, the filter converges and then we
can send OFDM data symbols, with sufficient knowledge of channel. One of the
main disadvantage of OFDM systems is, that they are much sensitive to frequency
offsets. Subcarriers will remain orthogonal if and only if there are no frequency
offsets. When OFDM symbols passes through the channel, then the channel phase
introduces frequency drifts in subcarriers. We propose a scheme to combat such
frequency shits, estimate the phase of the channel, and then compensate it by using
a phase compensator. Simulation results shows that the proposed scheme works fine
if the channel is changing slowly.
7.2 Future Work
There are few suggestions regarding the future work. In the proposed equidistance
scheme of pilot insertion, it was concluded that equidistance pattern works well
for low Doppler frequencies upto around 80Hz, while at higher values of Doppler
frequencies comb patterns with low pass interpolation works fine. So this work can
be easily extended, to develop an algorithm, in which by taking into consideration
the estimated channel attenuations, first of all estimate the Doppler frequency. Now
depending on the value of estimated Doppler, different pilot arrangements will be
used. For lower values of Doppler equidistance pilot arrangement is better and for
higher values of Doppler, comb arrangement is better. So a new system can be
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developed which automatically changes the pilot arrangements by estimating the
values of Doppler frequency.
Similarly, in the proposed scheme of phase compensation, we are limited with
the use of single tap adaptive filter for estimating the phase of channel. This work
can be extended to design a phase compensator in a more generalized manner, and
use more taps of adaptive filter for better performance of the system.
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